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THEME 


The  importance  of  understanding  radio  wave  propagation  increases  as  radar  and  communication  systems  become  more 
complex,  i.e.  digital  systems,  frequericy  adaptive  systems,  spread  spectrum  systems,  etc.  Increasingly  wider  frequency 
bandwidths  are  used  in  modem  military  systems,  for  telecommunication  applications  to  increase  the  rate  or  the  safety  of  the 
transmissions;  for  radar  or  navigation,  to  more  precise  location  or  target  definition. 

In  contrast  with  traditional  systems,  signal  processing  for  modern  systems  can  be  realized  in  software,  employing  digital 
signal  processing  chips  to  perform  the  required  modulation  and  demodulation  processes.  The  recent  development  of  such 
signal  processes  is  radical1'  .hanging  the  engineering  approach  to  designing  communications  equipment.  The  flexibility 
offered  by  softwuie  implementations  makes  them  ideal  vehicles  to  realize  and  optimize  new  approaches,  but  these 
realizations  can  only  be  achieved  by  the  communications  engineer  if  those  conducting  piopagation  research  keep  pace  with 
the  increasingly  more  detailed  knowledge  needed  to  specify/quantify  the  channel  characteristics. 

Advanced  realizations  for  tactical  communications  in  modern  armies,  as  they  are  operational  or  in  introduction,  now 
include  digital  transmission,  voice  and  data  capability  and  ECM  resistant  systems.  Various  techniques  such  as  coding 
encryption,  spread  spectrum,  are  needed  to  enhance  security  of  communications  and  to  improve  resistance  to  jamming.  The 
adaptability  to  the  varying  channel  conditions,  such  as  mobile  radio  communications  or  real  time  channel  evaluation, 
requires  a  better  knowledge  of  the  propagation  medium,  particularly  in  respect  of  ECM  resistance  methods,  and  the  use  of 
sophisticated  methodologies,  such  as  computer  or  microprocessor  technologies,  is  needed.  Microprocessor  technology  is 
changing  the  way  systems  operate  and  the  requirements  for  radio  operators  to  control  and  operate  the  systems. 

Therefore  it  is  appropriate  to  examine  the  state  of  the  art  in  development  of  present-day  radio  communication  systems, 
to  examine  the  role  and  the  need  for  radio  propagation  research,  to  assess  the  effects  of  propagation  on  existing  military 
systems;  and  to  propose  how  new  systems  can  be  improved  to  meet  operational  requirements. 


* 


*  * 


L’iinportance  d’une  bonne  comprehension  de  la  propagation  des  ondes  radio  electriques  augmente  a  mesure  que  les 
systemes  radar  et  de  communication  deviennent  plus  complexes,  a  savoir  les  systemes  numeriques,  les  systemes  a  adaptation 
de  frequence,  les  systemes  a  spectre  etale,  etc.  Des  largeurs  de  bande  de  frequence  sans  cesse  plus  grandes  sent  utilisees  dans 
les  systemes  militaires  modernes.  pour  des  applications  aux  telecommunications,  pour  accroitre  la  vitesse  ou  la  surete  des 
transmissions:  pour  les  radars  ou  la  navigation  pour  une  localisation  ou  une  definition  plus  precise  des  cibles. 

Contrairement  aux  systemes  traditionnels,  le  traitunent  des  signaux  destines  aux  systemes  modernes  peut  etre  realise 
dans  le  logiciel,  en  utilisant  des  microplaquettes  de  traitement  des  signaux  numeriques  pour  effectuer  les  processus  de 
modulation  ct  de  demodulation  necessaires.  Le  recent  developpment  de  tels  provesseurs  de  signaux  est  en  tram  de  modifier 
radicalement  l’approche  technique  de  la  conception  des  equipemenls  de  communications.  La  souplesse  offerte  par  les 
differentes  utilisations  des  logiciels  en  fait  de  vehicules  ideaux  pour  realiser  et  optimiser  de  nouvelles  approches.  Mats  ces 
realisations  ne  peuvent  etre  menees  a  bien  par  l'ingenieur  speeialiste  des  communications  que  si  ceux  qui  sont  charges  de  la 
recherche  sur  la  propagation  progressent  au  memo  rythmc  que  l'acquisition  des  connaissances  sans  cesse  plus  detaillees  qui 
sont  necessaires  pour  specifier  ou  quantifier  les  caracteristiques  des  voics  de  transmission. 

Les  realisations  avancees  en  mature  de  communications  tactiques  dans  les  armees  modernes,  qu'elles  soient 
operationnelles  ou  en  cours  de  mise  en  service,  comprennent  la  transmission  de  signaux  numeriques,  la  capacite  de 
transmission  de  signaux  vocaux  et  de  donnees  et  les  systemes  resistant  aux  contre-mesuies  electroniques.  Diverses 
techniques,  tclles  que  le  chiffrcment  par  code,  le  spectre  disperse,  sont  necessaires  pour  augmenter  la  secunte  des 
communications  et  pour  amcliorer  la  resistance  au  brouillagc.  La  capacite  d'adaptation  aux  conditions  changeantes  des  voies 
de  transmission,  tclles  que  les  communications  i«dio  mobiles  ou  revaluation  des  voies  de  transmission  en  temps  reel 
neccssite  une  mcillcur  connaissancc  du  milieu  dans  lequel  sc  propagent  les  ondes  radio-electnques,  en  particular  en  ce  qui 
conccrnc  les  inethodes  dc  resistance  aux  contre  mesures  electroniques,  et  futilisation  de  methodologies  sophistiquees  telle;, 
que  celles  des  ordinatcurs  et  des  micro-processeurs  est  necessaire.  La  technologie  des  microprocesseurs  est  en  train  de 
modifier  la  fa?on  dont  fonctionnent  les  systemes  ainsi  que  les  besoins  en  operateurs  radio  pour  exploiter  et  mettre  en  oeuvre 
les  systemes. 

C’est  pourquoi  il  convient  de  faire  le  point  des  connaissances  actuelles  en  matiere  de  developpement  de  systemes  de 
radiocommunication  modernes,  de  se  faire  une  opinion  sur  le  role  et  la  necessite  de  la  recherche  sur  la  propagation  des 
ondes  radio-elcctriques,  d’evaluer  les  effets  de  cette  propagation  sur  les  systemes  militaires  existants  et  de  proposer  de 
nouveaux  systemes  ameliorcs  pour  repondre  aux  exigences  operationnelles. 
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AVANT-PROPOS 


Lex  systemes  modcrnes>  de  communication  et  de  detection  beneficient  des  av  ances  teehnologiquex  en  matiere  de 
trae,mcnt  du  signal  et  Jex  theories  puissantes  peuvent  desormais  etre  appliquecs  pour  accroitre  l'efficacite  des  systemes. 
Dans  les  recherehes  actuelles,  elles  sont  utilisJes  pour  obtenir  une  caracterisation  plus  precise  des  canaux  et  elaborer  des 
methodes  plus  eomplcxes  mais  plus  puissantes,  de  systemes  qui,  des  traitements  analogiques,  sorientent  plus  mamtenunt  vers 
les  systemes  numeriques. 

De  nou\ elles  methodes,  telles  que  le  traitement  numerique  du  signal,  les  methodes  adaptatives,  Ietalement  de  spectre,  le 
eodage...  eonduisent  a  utiliser  des  bandes  de  frequence  sans  eesse  croissantes  en  vue  d’accroitre  la  surete  et  la  vitesse  des 
communications,  la  precision  de  localisation  dans  les  systemes  radar  ou  en  radiolocalisation. 

Les  operations  qui  doivent  etre  effectuees  dans  le  traitement  du  signal,  pour  mettre  en  oeu\  re  de  telles  methodes,  sont, 
desormais,  executables  par  des  eumposantx  specialist  rapides,  les  processeurs  de  signal,  et  les  systemes  programmables,  des 
microproecsseurs  aux  ordinateurs.  si  bien  que  les  aproches  techniques  et  la  conception  des  equipements  s  en  trouvent 
modifiees. 

Lbbjectif  final  de  ces  techniques  est  l'adaption  optimaie  des  systemes  au  milieu  de  propagation  qui  impose  ses 
caracteristiques. 

Dans  les  communications  ou  les  systemes  de  detection  miiitaires,  cette  adaption  est  primordiale  comptc  tenu 
notamment,  des  contraintes  particulieres  imposees  par  1’environnement  et  des  exigences  dem.  adees. 

Cette  adaption  repose  d’abord  sir  une  bonne  connaissance  des  canaux  de  propagation  dont  la  diversite  des 
caracteristiques  est  due,  a  la  fois  aux  gamines  dc  frequences  utilisees,  a  letendue  spectrale  des  signaux,  a  I'environnement  — 
urbain,  rural  ou  battlefield  —  aux  conditions  climatiques  et,  pour  la  haute  atmosphere,  a  1’activite  solaire. 

Lbbjectif  de  ce  s.  mposium  a  ete  de  reunir  les  meilleurs  specialties  de  ces  domaines  pour  faire  le  po.nt  sur  l'etat  de  l'art 
en  ce  qui  concerne  la  connaissance  des  milieux  de  propagation,  la  caracterisation  des  canaux  de  transmission,  plus 
specialement  ceux  utilises  en  large  bande,  et  les  solutions  apportees  dans  les  systemes  modernes. 

Ces  suieis  ont  ete'  couverts  par  quatre  sessions  qui  ont  reuni  une  quarantaine  de  communications.  La  premiere  a  ete 
consacrcL  a  la  caracterisation  des  canaux,  la  seconde  aux  nouvelles  approches  dans  la  conception  des  systemes,  la  troisiemc 
aux  performances  des  systemes  modernes  et  enfin,  une  session  classifiee,  a  ete  consacree  aux  sujets  plus  particuhers. 

Cette  edition  reproduit  les  textes  des  conferences  donnees  par  chaquc  auteur  et  des  discussions  qui  les  ont 
accompagnees.  Chaquc  president  de  session  presente  un  sommaire  des  themes  abordes.  Une  table  ronde,  ou  chaque 
president  de  session  a  fait  une  xynthese  des  questions  debattues  et  des  perspectives  qui  sont  apparues,  a  donne  lieu  a  une 
large  dicussion. 

J’ai  beaucoup  de  plaisir  a  remercier  les  presidents  de  sessions  et  les  membres  du  comitc  technique  pour  l  important 
travail  qu’ils  ont  accompli. 

je  voudrais  plus  particulierement  remerciei  ladministrateur  de  l'EPP  et  son  secretaire  pour  1’aide  precieuse  ciu'ils  ont 
apportec  avant,  pendant  et  apres  la  reunion  de  ce  symposium,  ainsi  que  le  delegue  national  franyais,  le  eoordonnateur  local  et 
son  equipe  pour  rexcellcnte  organisation  de  cette  reunion  a  Paris. 

Comment  pourrais-je  enfin  oublier  le  docteur  J.Belrose,  copresident  et  coediteur  de  ce  symposium  pour  sen  action,  qui, 
dans  un  travail  commun,  a  contribue  a  la  bonne  reussilc  de  cette  manifestation. 


C.Goutclard 

Co-editeur. 


^  PREFACE 

Today’s  communications  and  detection  systems  feature  sophisticated  signal  processing  techniques,  and  advanced 
theories  can  now  be  applied  in  order  to  improve  system  efficiencySftWrcnt-researcliAvor^these  theones  are  used  to 
achieve  more  accurate  channel  characterisation  and  to  produce  more  complex  and  more  powerful  system  methods,  which  are 
tending  now  away  from  analog  processing  towards  digital  systems.^ 

New  methods,  such  as  digital  signal  processing,  matching  methods,  spread  spectrum  and  encoding  are  leading  to  the  use 
of  an  increasing  number  of  frequency  bands  in  order  to  improve  the  security  and  speed  of  communications  and  to  enhance 
location  accuracy  in  radar  and  radiolocation  systems. 


The  signal  processing  operations  required'in  order  to  use  such  systems  can  now  be  carried  out  by  dedicated  high-speed 
component,  signal  processors  and  programmable  systems,  from  microprocessores  to  computers,  and  this  has  modified 
equipment  design  and  the  technical  approaches  adopted. s, 


Tlie  final  aim  of  these  techniques  is  to  achieve  optimum  matching  of  systems  to  the  propagation  environment,  which 
imposes  its  own  characteristics,  -v 
_____ - . -  . 

In  militaiy  communications  or  detection  systems,  this  matching  is  vital,  given  in  particular  the  constraints  imposed  by 
the  environment  and  the  operational  requirements.^ 

Successful  matching  depends  primarily  on  a  thorough  knowledge  of  the  propagation  channels,  the  diversity  of  whose 
characteristics  is  explained  by  both  the  frequency  ranges  used,  the  spectral  spread  of  the  signals,  the  environment  —  urban  or 
battlefield  —  the  climatic  conditions,  and,  in  the  upper  atmosphere,  solar  activity. 


The  object  cf  this  Symposium  was  to  bring  togetherjlhe  foremost  specialists  urthestrfielffi,  in  order  to  provide  a  state  of 
the  art  overview  of  propagation  environments,  the  characterisation  of  transmission  channels,  and  in  particular  broadband  / 
transmission  channels,  and  of  the  solutions  offered  by  today’s  systems.  ,  ( {jfc  ) 

These  subjects  were  covered  in  four  sessions,  representing  a  total  of  40  papers.  The  opening  session  was  devoted  to  / 
channel  characterisation,  the  second  session  to  new  approaches  to  system  design,  the  third  to  system  performance  and  the  i 

final,  classified  session  to  subjects  of  more  specific  interest.  ‘  j 

This  edition  presents  the  full  text  of  the  papers  given  by  each  author  and  the  discussions  which  ensued.  Each  session 
chairman  provides  a  summary  of  the  topics  discussed.  The  final  round  table  session,  in  which  each  session  chairman  reviewed 
the  topics  discussed  and  the  answers  which  emerged,  led  to  a  broad-ranging  discussion. 

I  have  much  pleasure  in  thanking  the  session  chairmen  and  the  members  of  the  technical  committee  for  the  important 
work  which  they  accomplished  during  the  symposium. 

In  particular,  I  should  like  to  thank  the  EPP  Executive  and  his  secretary  for  their  precious  help,  both  prior  to,  at  the  time 
of,  and  following  this  symposium,  as  well  as  the  French  National  Delegate  and  the  local  Coordinator  and  his  team  for  the 
excellent  organisation  of  this  meeting  in  Paris. 

Finally,  how  could  I  forget  Dr  J  Belrose,  co-chairman  and  co-editor  of  this  symposium,  whose  efforts  combined  to  ensure  the 
success  of  the  meeting. 


C.Goutclard 

Co-editor 
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The  Communications  Research  Centre  (CRC)  has  and  is  carrying  out  research  in  radio  propagation 
and  radio  communications  technologies  in  areas  relevant  to  the  theme  of  this  meeting.  This  paper  briefly 
overviews  some  of  this  research.  The  overview  will  begin  with  a  brief  tutorial  on  the  characteristics  of 
fading  channels.  Topics  to  be  addressed  include  characterization  and  simulation  of  the  channel  (HF  and 
land  mobile  channels),  simulation  of  the  HF  spread  spectrum  channel,  broad  band  adaptive  antennas;  and 
coding  and  packet  switching  technologies  (particularly  for  the  I1F  channel).  The  subject  of 
microprocessors  and  radio  will  be  briefly  mentioned.  While  the  review  is  concerned  with  Canadian  (CRC) 
research,  since  a  number  of  topics  areas  will  be  addressed,  some  of  which  will  disserted  by  others  during 
the  course  of  this  meeting,  this  paper  is  in  effect  a  sort  of  subject  introduction. 
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1.  Characterization  of  Fading  Dispersive  Radio  Channels 

Ionospheric  HF  as  well  as  tropospheric  mobile  radio  channels  are  fading  channels  as  a  result  of  dispersive  phenomena 
that  take  place  in  both  the  time  and  frequency  domains.  Frequency  dispersion  is  caused  by  Doppler  phenomena,  whereas, 
in  most  cases,  time  dispersion  is  caused  by  multipath  propagation.  Such  channels  can  often  be  modelled  [Bello,  1963a]  as 
time-variant  linear  filters,  the  inputs  and  outputs  of  which  are  effectively  the  transmit  and  receive  antennas.  The  statistical 
properties  of  their  complex  envelope  low  pass  equivalent  impulse  response  are  described  by  a  number  of  different  time 
and  frequency  correlation  functions  that  are  used  in  channel  classification  and  modelling  for  the  prediction  of  proposed 
communication  system  performance.  This  section  of  the  paper  discusses  the  mathematical  representation  of  fading  radio 
channels,  their  classification  and  modelling,  and  propagation  measurement  and  analysis  techniques  by  which  the  information 
for  classification  and  modelling  can  be  obtained.  As  well,  comments  are  given  throughout  the  text  with  regard  to  the 
application  of  various  channel  functions  and  analysis  techniques  in  digital  system  performance  predictions. 

1.1  Mathematical  Representation  of  Fading  Channels 

Consider  a  bandpass  signal 

A (£)  =  ja(t)|  C0s[wcf  -f  0(t)]. 


=  |a(f)|cos#(t)coswet  —  |a(£)|sin0(t)sinwcf. 

If  one  represents  a(t)  as 

<■(*)  =  Koi^w, 

then  it  is  easy  to  show  that 

A(t)  = 

The  signal  a(t)  is  referred  to  as  the  complex  envelope  low  pass  equivalent  for  the  bandpass  signal  A(t).  The  term 
“complex  envelope’’  [Bello,  1963b]  is  used  because  a(t )  has  the  conventional  envelope  of  A(t),  but  also  has  a  phase  6(t) 
(with  respect  to  the  carrier  frequency)  associated  with  it.  Hence  it  is  a  complex  envelope. 

An  expression  for  the  complex  envelope  low  pass  equivalent  for  a  radio  channel  impulse  response  can  be  developed 
through  considering  the  transmission  of  the  bandpass  sign  id  A(t)  over  the  channel.  The  multipath  phenomenon  can  be 
represented  by  a  continuum  of  distorted  replicas  of  the  transmitted  signal  which  arrive  at  the  receiver  with  random  delays 
and  amplitudes,  both  of  which  are  functions  of  time.  Then  the  received  bandpass  signal  can  be  written  as 

co 

a(r;  t) A(t  -  r)dr , 

—  CO 

where  a  represents  the  attenuation  of  the  signal  components  at  delay  T,  and  time  t. 

Now,  by  substitution  for  A(i)  and  rearrangement,  one  can  write 

R (t)  =  Re{  J  °°  a(r;  t)a(t  -  T)e~^rdT  x 

—  00 

from  which  it  is  clear  that  the  complex  envelope  low  pass  equivalent  for  the  channel  impulse  response  is 


2-3 


h{r\t)  =  a(r;t)e  3UcT. 

Various  covariance  functions  for  h(r\  t )  can  be  derived  that  are  often  used  in  characterization  of  the  channel.  To 
begin,  assume  that  h(r\  t)  is  wide-sense  stationary,  and  that  it  has  been  divided  into  descrete  intervals  (ex.  measurement 
resolution  windows)  in  the  time  and  frequency  domains  ,  ordered  by  the  indides  t,  and  j.  Its  time  autocov<niance  function 
can  then  be  written  as 

Rh{n,  Tj\  ti,  tj)  =  Rh(Ti,T3-,  At)  =  ]^E{h*(Ti,t)h(Tj\t  +  At)}, 

where  the  factor  of  one  half  is  due  to  the  complex  envelope  notation. 

If  the  attenuation  and  phase  shift  of  the  propagation  path  “i"  is  uncorrelated  with  those  parameters  of  the  path 
“j”,  the  channel  is  referred  to  as  having  uncorrelated  scattering,  and  its  WSS  property  makes  it  a  wide-sense-stationary- 
uncorrelated-scattcring  (WSSUS)  channel.  For  uncorrelated  scattering 

Rh(ji  I7}!  A£)  = 

and, 

Rh{r;At )  =  ^E{h*(T-,t)h(T-,t  +  At)}. 

The  correlation  among  simultaneous  variations  of  the  channel  impulse  response  at  different  delay  times  is  given  when 
At  is  set  to  zero  by 

A.(0=5S{|/>(r;i)P}. 

Tliis  function  is  the  delay  power  density  spectrum  [Bello,  1983a]  for  the  channel.  The  range  of  T  over  which  it  is 
nonzero  is  called  the  multipath  spread  (Sftf)  of  the  channel.  Since  can  be  computed  directly  from  measured  impulse 

response  estimates  by  sample  averaging,  the  assumptions  of  uncorrelated  scattering  and  WSS  channel  behavior  are  often 
forgotten  in  its  application  in  the  derivation  of  other  channel  characteristics  and  in  its  use  in  digital  system  performance 
predictions.  This  can  lead  to  misapplications  of  channel  statistics  and  erroneous  system  performance  predictions. 

A  Fourier  transform  can  be  applied  to  h(r,t)  to  obtain  the  complex  envelope  equivalent  low  pass  transfer  function 
for  the  channel 

H(f‘,t)  =  J  h{T-t)e-*"'TdT. 

—  00 

Its  autocorrelation  function  is  then  given  by 

RaifiJi-M)  =  f, •)/(•(/,■;  fy)}, 

and  if  the  WSS  property  is  carried  tluuugh  the  transformation,  Rh  is  independent  of  t.  Further,  if  there  is  uncorrelated 
scattering  [Proakis,  1983;  Bultitude,  1983],  the  function  is  independent  of  /  and  one  can  write 

R„(Af-,  At)  =  ^E{H*(f]  t)H(f  +  A/;  t  +  At)}. 
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It  can  be  shown  [Proalds,  1983;  Bultitude,  1983]  that,  given  the  WSSUS  conditions, 

°°  Rh(r-,At)e^nAfTdT. 


=/ 


If  At  is  set  equal  to  zero,  the  autocorrelation  function  for  simultaneous  variations  in  the  channel  transfer  function  at 
different  frequencies  is  given  by 


RH(Af)  =  J  Rh(T)e-*"A'TdT. 

~CO 


This  function  is  called  the  spaced  frequency  correlation  function.  As  a  result  of  the  Fourier  transform,  /2/j(A /)  vanishes 
at  A /  =  .  This  frequency  separation  is  called  the  coherence  bandwidth,  Be  of  the  channel.  Again,  the  assumptions 

involved  are  often  neglected  in  applying  the  Fourier  transform  relationship  leading  to  erroneous  results  for  Rn(Af),  as 
discussed  in  (Bultitude,  1983]  It  is  noteworthy  also  that  the  coherence  bandwidth  is  often  taken  as  the  reciprocal  of  the  rms 
delay  spread  (discussed  later),  rather  than  the  reciprocal  Sm  in  the  calculation  of  a  bandwidth  in  which  digital  data  can 
be  transitted  on  the  channel  without  intersymbol  interference  (ISI).  The  careless  estimation  of  ISI-free  bandwidths  based 
on  reciprocal  delay-spread  results  from  channel  measurements  is  prevalent  in  the  literature  and  is  a  subject  of  great  concern 
[Bultitude  and  Bedal,  1989]  at  CRC. 

It  is  useful  to  note  that  if  there  are  coi  .elations  among  scattered  signals,  the  dependence  of  Rj{  upon  /  results  in 
asymmetries  in  the  spaced  frequency  correlation  function.  Such  asymmetries  can  readily  be  seen  in  the  results  of  time  series 
analyses  as  outlined  in  [Bultitude,  1983]  which  avoid  the  assumptions  in  the  derivation  discussed  above. 

Time  variations  on  a  radio  channel  result  in  Doppler  broadening  and  perhaps  a  Doppler  shift  of  transmitted  spectral 
components.  In  order  to  relate  Doppler  effects  on  the  transmitted  signal  to  time  variations  on  the  channel,  it  is  convenient 
to  employ  the  Fourier  Transform  of  Rtf(Af]  At)  with  respect  to  At,  given  by 

oo 

i**(A/;Af)e 


-j2™AtdAt) 


where  V  represents  Doppler  frequency. 

For  a  single  spectral  position  in  the  channel  transfer  function,  A /  =  0,  and  one  can  write 


RHiAty-V^dAt. 


Sh(v)  is  a  power  spectrum,  and  for  a  tingle  frequency  component,  gives  the  received  signal  intensity  as  a  function 
of  Doppler  frequency.  The  range  over  which  Sh(v)  is  nonzero  is  called  the  Doppler  spread  (Sp),  or  fading  bandwidth  of 
the  channel.  This  function  characterizes  the  rapidity  of  fading. 

The  spaced  time  correlation  function  for  the  channel  can  be  obtained  from  Rh  (A / ;  At)  if  A /  is  set  equal  to  zero. 
Tliis  is  the  correlation  of  temporal  variations  on  the  channel  at  a  particular  frequency,  given  by 


Rx(At)  =  ^E{H'(t)H(t  +  At)}. 


The  range  At  over  which  it  is  nonzero  is  the  coherence  time  Tc  for  the  channel.  From  the  Fourier  relationship  between 
Sh(i/)  aud  Rn(At),  it  is  clear  that  To  is  the  reciprocal  of  So- 
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One  other  function,  the  channel  scattering  function,  which  is  used  in  the  analysis  of  doubly  dispersive  channels,  can 
be  derived  through  a  double  Fourier  transform  [Proakis,  1983]  of  (A  f  \  At)  with  respect  to  At  and  A/.  It  is  written 
as 


S(r;z/)  =  /:  R}j(Af;At)e~32n,/Atei2KA^TdArdAf. 


This  function  provides  a  measure  of  the  average  power  of  random  processes  which  perturb  the  channel  as  a  function  of 
multipath  delay  (t)  and  Doppler  frequency  (l/). 

Finally,  a  short  discussion  of  the  rms  delay  spread  of  the  channel  and  its  application  in  system  performance  predictions 
is  warranted.  This  parameter  can  be  calculated  from  the  delay  power  density  spectrum  for  the  channel,  and  is  a  useful 
parameter  in  the  comparison  of  different  channels  with  regard  to  their  suitability  for  digital  communications.  A  channel 
with  a  large  rms  delay  spread  has  significant  multipath  components  at  large  delays.  Therefore  there  is  a  greater  probability 
of  frequency  selectivity  (and  intersymbol  interference)  on  such  a  channel  than  on  a  channel  with  a  smaller  rms  delay  spread. 

Use  of  the  rms  delay  value  in  channel  characterization  work  originated  with  Bello  [1963a].  In  the  referenced  paper  it 
is  shown  to  be  the  ratio  of  the  power  of  the  second  term  to  that  of  the  first  in  a  Taylor  series  expansion  for  the  transfer 
function  of  the  channel.  Since  more  terms  are  required  in  Taylor  series  representations  for  channels  with  higher  degrees  of 
frequency  selectivity,  the  rms  delay  is  an  indicator  of  the  degree  of  selectivity  that  can  be  expected  on  the  channel. 


The  average  multipath  component  delay  is  given  by 

f  rRh(r)dT 
W  “  J  Rh(r)dr  ’ 


where  T  is  the  delay  parameter.  For  impulse  response  estimates  sampled  at  the  outputs  of  a  measurement  system,  this 
equation  transforms  [Cox,  1972]  to 


_  ICfc-i  Tk^h(rk) 

LLM**) 


-TO, 


where  k  orders  the  N  sampled  delay  intervals  in  each  estimate  of  the  sum,  Rh  (  Tfc  )  is  the  sampled  estimate  of  at 

delay  ffc,  and  Tq  is  the  earliest  delay  at  which  there  is  power  in  Rh(j )  above  the  noise  floor  of  the  measurement  system. 


If  the  time  required  by  a  measurement  system  to  form  an  impulse  response  estimate  is  considered  as  a  time  window 
during  which  multipath  components  are  received  and  their  powers  and  delay  times  recorded,  it  becomes  clear  that  if  the 
total  integrated  power  defined  by  the  function  Rh(j)  is  normalized,  the  result  is  the  relative  frequency  function  f(j ),  or 
experimental  estimate  for  the  density  function  fT  (r)  for  multipath  delays  [Dcvasirvatham,  1987],  That  is, 

Rhfa) 

12k=l  Rh{Tk) 

The  second  central  moment  of  multipath  component  delays  is  then  given  by 

=  f(Tk)[Tk  -  To)  -  (Tave  ~  70)]2. 
fc= 1 

The  parameter  crr  is  known  as  the  rms  delay  spread  for  the  channel. 


f{Tk) 


If  care  is  taken,  rms  delay  spread  values  can  be  useful  in  the  comparison  of  multipath  radio  characteristics  on  different 
channels  Their  use  in  the  prediction  of  flat  fading  boundaries  and  error  performance,  however,  requires  careful  consideration. 
In  connection  with  work  on  mobile  radio  channels,  Jakes  [1974]  has  shown  that  on  a  Rayleigh  fading  channel  having  an 
assumed  Gaussian  shaped  delay  power  density  spectrum,  the  irreducible  error  rate  for  DFSK  increases  with  increasing  rms 
delay  spread  Further,  Be  is  often  assumed  to  bear  an  inverse  relationship  to  the  rms  delay  spread.  It  has  been  reported 
[Bajwa  and  Parson,  1985]  for  mobile  radio  channels,  however,  that  the  sensitivity  of  this  relationship  varies  considerably 
with  environment.  This  variation  is  conjectured  to  be  a  result  of  variations  in  the  channel  fading  distributions  and  violation 
of  the  uncorrelated  scattering  conditions.  The  reciprocal  delay  spread  relationship  a  therefore  considered  to  be  a  potentially 
misleading  rule  of  thumb  for  application  in  channel  performance  predictions. 
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1.2  Classification  of  Fading  Radio  Channels  for  Digital  Communications 

If  receiver  front-end  noise  is  neglected,  the  complex  equivalent  low  pass  signal  at  the  input  to  the  receiver  after 
transmission  over  a  fading  channel  can  be  represented  [Proakis,  1983]  as 

r\t)  =  /“  H(f-t)S(f)e^tdf, 

—  CO 


where  S(f)  is  the  spectrum  of  a  low  pass  modulating  signal  s(f). 

If  s(f)  is  a  series  of  pulses  which  modulate  fc  at  a  rate  1  /T,  two  types  of  distortion  can  be  introduced  by  the 
random  channel.  These  include:  intersymbol  interference  caused  by  spreading  of  the  signal  in  the  time  domain  due  to 
multipath  propagation,  and  variations  in  received  signal  characteristics  during  one  signalling  interval  caused  by  shadowing 
and  spreading  of  the  signal  in  the  frequency  domain  due  to  Doppler  phenomena.  Temporal  dispersion  is  manifested  in 
the  frequency  domain  as  frequency  selectivity  the  characteristics  of  which  are  dependent  upon  Sm  and  J Be-  Frequency 
dispersion  is  manifested  in  the  time  domain  as  time  selectivity,  the  characteristics  of  which  are  dependent  upon  Sjy  and 

Ta. 

The  influence  of  a  propagation  channel  on  a  digital  signal  transmitted  over  it  is  a  function  of  the  relationship  between 
the  time-bandwidth  product  of  transmitted  symbols,  and  the  correlation  properties  of  the  channel.  For  instance,  if  Bq  is 
significantly  greater  than  the  transmission  bandwidth  (W),  negligible  inter-symbol  interference  will  be  introduced  by  the 
channel. 


Classification  and  modelling  of  fading  digital  radio  channels  is  in  accordance  with  their  effect  on  transmitted  signals. 
The  following  paragraphs  outline  common  classifications  [Bello,  1963a,  1963b]  that  apply  to  digital  radio  channels  the 
statistic  tics  of  which  are  nonstationary,  but  which  may  be  regarded  as  wide-sense-stationary  (WSS)  for  time  and  frequency 
intervals  which  are  short,  but  which  are  greater  than  the  durations  ( T )  and  bandwidths  respectively  of  transmitted  signals. 
This  allows  the  application  of  the  large  body  of  theory  available  for  WSS  random  processes  to  problems  that  would  otherwise 
be  intractible.  Because  of  their  quasi-stationary  nature,  such  channels  are  referred  to  as  quasi-wide-sense-stationary  (QWSS) 
channels.  Quantitatively,  for  a  QWSS  channel, 

W  K<  w  ^  (t  +  sm)  «  ^7, 

where  Smax  and  Cmol  are  the  maximum  rates  at  which  R}{ ( /, ,  fluctuates  in  the  /  and  t  domains.  These 

criteria  can  be  verified  through  the  analysis  of  measured  data  as  discussed  in  a  later  paragraph. 

If  the  bandwidth  of  transmitted  digital  symbols  is  much  less  than  Be,  and  T  is  much  less  than  Tq,  the  channel 
falls  into  the  category  of  a  flat/flat  fading  channel  [Bello,  1963a]  or  a  slowly  varying  nonselectivc  channel  [Proakis,  1983]. 
If  the  flat  fading  criteria  jure  satisfied  all  spectral  components  of  the  transmitted  signal  fade  in  unison.  Therefore  within 
the  bandwidth  of  5(/),  the  fading  statistics  of  the  channel  are  independent  of  frequency.  Additionally,  if  the  bandwidth 
of  S(/)  is  small  compared  with  fc,  H(f,  t)  can  be  assumed  to  be  constant.  Under  these  conditions  the  channel  transfer 
function  can  be  removed  from  the  integral  in  the  expression  for  rf(f).  Also,  since  s(f)  is  a  low  pass  signed,  H{f\  t )  can  be 
assumed  to  be  constant  at  its  value  for  /  —  0,  and  on  completion  of  the  integration  one  cm  write 


r'(t)  =  F(0;f)s(t). 


Then  by  writing  the  channel  transfer  function  as  the  Fourier  inverse  of  its  impulse  response 


a(r;  t)e~^nfcT  dr  X  s(t). 


If  the  transmitted  signal  characteristics  are  such  that  WT  —  1,  in  the  frequency  nonselectivc  case  T  »  Sm  and 
for  a  practical  receiver  the  multipath  signal  components  are  nonresolvable.  The  integral  with  respect  to  T  then  disappears 
and  the  phase  term  becomes  a  function  of  time  due  to  the  vector  addition  of  multipath  components  with  delay  separations 
smaller  than  the  receiver  resolution  so  that  one  can  write 
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r'(t)  =  a(*)e-*W«(t). 


Thus,  the  random  channel  is  modelled  as  a  multiplicative  process  in  the  time  d  oiiiain  which  randomly  affects  the  amplitude 
and  phase  of  the  received  signal.  If  the  flat  fading  criteria  are  considered  further  it  is  evident  that  the  amplitude  and 
phase  of  the  received  signal  are  constant  over  at  least  one  symbol  interval  and  the  time  dependence  can  be  dropped  from 
the  channel  gam  and  phase  representations  for  the  purpose  of  calculating  probability  of  symbol  error.  Then  the  average 
probability  of  error  on  the  channel  can  be  calcuated  by  averaging  the  error  rate  for  the  mean  signed  to  noise  ratio  based  on 
link  budget  calculations  over  the  distribution  of  slow  variations  in  Ot. 

Flat/flat  fading  channels  are  the  easiest  to  model  and  lead  to  the  most  simple  of  error  rate  computations  for  digital 
transmission.  The  upper  UHF  (900  MHz)  mobile  radio  bands,  for  urban  communications  (tall  buildings  and  moderately 
low  vehicle  speeds)  afford  flat/flat  fading  channels  for  transmission  bandwidths  [Bultitude,  1987a]  up  to  about  25  kHz. 

Digital  radio  channels  which  carry  signals  for  which  the  duration  of  transmitted  symbols  is  comparible  with  or  greater 
than  To,  but  which  have  bandwidths  which  are  much  smaller  than  Be  are  classified  as  time-selective/frequency-flat 
channels.  On  such  channels  the  amplitudes  and  phase  relationships  of  the  received  signal  can  be  expected  to  change  over  a 
single  symbol  duration,  but  inter-symbol  inteference  is  negligible.  An  example  is  the  channel  between  a  base  station  and  a 
vehicle  moving  rapidly  in  an  open  environment. 

Since  this  type  of  channel  exhibits  no  frequency  selectivity,  the  same  derivation  applies  as  for  the  channel  model  in 
the  flat  fading  case  and  the  multiplicative  model  remains  valid.  If  the  temporal  variations  of  Oc{t)e~3^t^  form  a  complex 
Gaussian  process,  closed  form  error  probability  equations  can  be  derived  [Bello  and  Nelin,  1962].  For  most  of  the  common 
digital  modulation  types  the  derivation  follows  the  general  routine  of  first  reducing  the  expression  for  the  decision  variable 
to  a  Hermitian  quadratic  form.  Its  probability  density  function  (pdf)  can  then  be  derived  using  the  channel  and  transmitted 
signal  correlation  functions  and  a  decision  rule  can  be  established.  If  the  channel  process  is  not  Gaussian  the  mathematics 
involved  in  the  derivation  of  a  closed  form  pdf  appear  to  be  intractibV,  and  simulations  are  necessary  in  order  to  arrive  at 
digital  system  performance  predictions.  Radio  propagation  measurements  are  still  required,  however,  to  obtain  parameters 
or  storred  channel  inputs  for  the  channel  simulations. 

If  the  transmit  signal  bandwidth  is  much  greater  than  Bo,  but  the  total  duration  of  transmitted  symbols,  plus 
multipath  interference  is  less  than  To,  the  channel  is  classified  as  frequency-selective/time-flat.  A  good  example  [Bultitude, 
1987a]  is  the  UHF  urban  mobile  channel  which  exhibits  time  dispersion  due  to  multipath  propagation,  but  frequency 
dispersion  is  low,  as  vehicle  speeds  are  not  fast  enough  to  create  Doppler  effects  of  any  significance. 

For  this  type  of  channel  propagation  conditions  arc  independent  of  time  over  at  least  one  symbol  duration,  but  the 
channel  transfer  function  is  dependent  on  frequency  over  the  transmit  bandwidth.  The  time  dependence  can  therefore  be 
dropped  from  the  channel  transfer  function  representation  and,  neglecting  noise  at  the  receiver  front  end,  the  received  signal 
can  be  written  as 


-I 


r'(t)  =  /  H(f)S(f)e^df. 


As  in  the  time-select!  ve/frequency  flat  case,  error  probabilities  can  then  be  computed  from  o  Hermitian  quadratic  represen¬ 
tation  for  the  decision  variable  provided  the  channel  can  be  represented  as  a  complex  Gaussian  process. 

The  final  channel  classification,  that  of  Doubly  Selective,  applies  to  channels  the  correlation  times  and  correlat’on 
bandwidths  of  which  cannot  be  consideicd  as  being  much  greater  than  transmitted  symbol  durations  or  bandwidths.  Again 
if  fading  is  characterised  by  Gaussian  statistics  a  closed  form  solution  for  the  symbol-by-symbol  probability  of  error  can  be 
derived  [Bello  and  Nelin,  1964].  In  this  case,  however,  the  derivation  of  the  pdf  for  the  decision  variable  involves  the  channel 
scattering  function  rather  than  one  dimensional  correlation  functions,  and  a  cross  ambiguity  function  between  the  received 
mark  and  space  waveforms.  It  is  interesting  to  note  that  on  doubly  selective  channels  there  is  an  optimum  signalling  rate 
at  which  the  probability  of  error  is  minimum.  Tliis  signalling  rate  is  dependent  upon  the  spread  factor  (Sm  X  So)  of  the 
channel  and  is  given  by 


Rn 


1 

2  T(SD/SMyi2' 
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For  signalling  rates  near  this  optimum,  the  channel  behaves  as  if  it  were  a  flat  fading  channel.  For  lower  rates,  the  channel 
behaves  as  if  it  were  purely  time  selective  and  for  higher  signalling  rates  it  behaves  as  if  it  were  purely  frequency  selective. 

l.S  Propagation  Measurement  and  Analysis  Techniques 

FYom  a  consideration  of  the  channel  models  and  classifications  discussed  in  the  foregoing  paragraphs  it  is  dear  that  if 
predictions  for  digital  system  performance  are  to  be  made  based  on  propagation  measurements,  the  measurements  must  be 
designed  to  yield  enough  information  to  classify  the  channels  and  to  derive  the  necessary  parameters  for  use  in  the  varied 
prediction  methods  that  must  be  used  for  different  channel  classifications.  For  flat  fading  channels  (narrowband  channels 
on  which  Doppler  phenomena  are  not  significant)  it  is  suffiaent  to  be  able  to  derive  the  statistics  of  the  received  signal 
envelope  from  a  CW  transmission  (those  of  Ct(t))  in  order  to  predict  digital  system  performance.  A9  selectivity  becomes 
more  probable,  however,  usually  due  to  the  desire  for  wider  transmission  bandwidths  or  higher  speeds  in  a  mobile  system, 
more  sophisticated  measurement  and  analysis  techniques  are  required.  In  addition,  regardless  of  the  degree  of  selectivity 
on  the  channel,  it  must  be  proven  that  the  channel  can  be  classified  as  QWSS  before  any  of  the  closed  form  prediction 
techniques  based  on  the  application  of  mathematics  for  WSS  random  processes  can  be  applied.  The  following  section 
explains  one  of  the  more  complicated  measurement  techniques  and  analyses  that  can  be  applied  to  the  measured  data  in 
order  to  correctly  classify  and  model  fading  radio  channels.  A  concerted  effort  has  been  put  forward  toward  this  end  over 
the  past  five  years  at  CRC  in  connection  with  investigations  [Bultitude,  1987a]  on  mobile  radio  channels  in  the  900  MHz 
band. 


It  is  clear  that  meddling  and  dassification  of  radio  channels  depends  on  a  knowledge  of  the  equivalent  impulse  response 
or  transfer  function  of  the  channel.  Kailath  [1962]  proposed  a  cross  correlation  technigue  for  estimating  channel  impulse 
response  functions  from  propagation  measurements.  This  technique  has  been  used  for  measurements  on  a  variety  of  channels 
by  different  researchers  [Cox,  1972;  Linfidd  et  al,  1976;  Bultitude,  1983;  Bajwa  and  Parsons,  1985;  1962;  Devasirvatham, 
1987]  and  is  weL  explained  in  simplistic  terms  by  Linfield  et  al  [1976],  in  a  similar  devdopment  to  that  outlined  below 

Consider  a  fixed  linear  filter  with  impulse  response  g(t).  An  arbitrary  input,  x(t)  to  the  filter  would  produce  an 
output  y(t)  given  by 


f  00 

y(t)  =  y  x(t  —  u)g(u)du. 


If  both  sides  of  this  equation  are  multiplied  by  'X*{t  —  r),  one  can  write 


y(t)x*(t  -  r)  =  J  x(t-  u)x*(t  -  r)g(u)du. 


Now,  if  as(f)  is  a  WSS  random  process,  expected  values  can  be  taken  on  both  sides  of  this  equation  to  give 

RxV{t)  =  /  Rxx{r  -  u)g(u)du 

*  —CO 

=  Rxx(r)  *  g(r), 

where  Rxx  and  Rxv  represent  autocorrelation  and  cross  correlation  functions  for  the  random  processes  x(t)  and  t/(f). 
It  is  dear  that  if  x(t)  is  white  noise 


RxV(r)  =  S(t )  *  g(r)  =  g(r), 

where  5(t)  b  the  unit  impulse  function.  That  is,  the  cross  correlation  function  Rxyij)  is  identical  to  the  response  of  the 
filter  at  time  t  to  an  impulse  applied  at  its  input  at  time  (t  —  r). 


2-9 


In  most  channel  probes  reported  in  recent  literature,  and  almost  white  (flat  spectrum  over  a  large  part  of  the  mea¬ 
surement  bandwidth)  stationary  pseudo-random  process  y1  (f)  is  transmitted  over  a  radio  channel  and  is  cross-correlated 
at  the  receive  terminal  in  a  complex  base-band  correlator  with  a  second  pseudo-random  process  £*(t)  which  is  identical  to 
the  random  process  transmitted  at  time  (t  —  r),  where  T  is  the  propagation  delay  of  the  channel.  If  it  is  assumed  that  the 
channel  is  linear,  this  cross  correlation  product  can  be  taken  [Benvenuto,  1984]  as  a  good  estimate  of  the  complex  envelope 
low  pass  equivalent  for  the  impulse  response  of  the  channel.  The  phase  characteristics  of  the  channel  are  normally  preserved 
during  this  type  of  measurement  through  the  use  of  coherent  atomic  frequency  standards  to  which  all  oscillators  are  slaved 
at  both  receive  and  transmit  terminals. 

For  time  variant  channels,  the  time  variant  impulse  response  /l(x;  t)  can  be  measured  by  recording  samples  of  /i(t) 
measured  over  repetitive,  evenly  spaced  time  intervals. 

1.4  Application  of  Measurement  Results 

With  a  knowledge  of  the  channel  impulse  response  estimates,  all  of  the  information  required  for  channel  classification 
and  modelling  can  be  obtained.  It  appears,  however,  that  it  is  easiest  to  work  with  the  channel  transfer  function,  rather  than 
the  impulse  response.  Therefore  in  analysis  done  at  CRC  a  complex  fast  Fourier  transform  is  taken  of  each  impulse  response 
estimate  after  it  is  recorded.  This  yields  complex  time  series  information  for  a  number  of  spectral  positions  across  the 
measurement  bandwidth.  Time  series  analysis  techniques  can  then  be  applied  to  investigate  various  channel  characteristics 
and  thereby  avoid  the  necessity  for  assumptions  regarding  channel  statistics,  including  statistical  stationarity,  applicable 
distribution  functions,  and  space  and  time  correlation  intervals. 

First  it  must  be  determined  if  the  measured  channels  can  be  considered  quasi-wide-sense  stationary  for  intended  signal 
transmissions.  The  mathematical  definition  given  earlier  for  QWSS  behavior  can  be  interpreted  as  defining  a  channel  to 
be  QWSS  if  symbol  durations  and  transmission  bandwidths  are  limited  to  time  and  frequency  intervals  over  which  there  is 
negligible  change  in  the  channel  autocorrelation  function  -Rtf  (/»,  /}  i  fj)-  The  range  of  symbol  rates  for  which  a  channel 
can  be  considered  to  be  QWSS  can  be  ascertained  from  propagation  measurements  through  independent  examinations  of 
the  characteristics  of  R[j{tx,  tj)  and  Rtf  ( /, ,  A  random  process  [Lee,  1976]  is  said  to  be  stationary  if  its  statistical 
properties  arc  invariant  to  translation  of  the  index  paramenter  for  the  process.  It  is  said  to  be  stationary  in  the  wide  sense  if 
it  has  finite  variance  and  its  autocorrelation  function  is  independent  of  the  index  parameter.  Therefore  the  QWSS  ranges  can 
be  determined  by  comparing  correlation  functions  for  the  channel  computed  for  contiguous  reference  values  until  significant 
dissimilarities  can  be  identified  among  the  functions.  So  long  as  the  correlation  functions  remain  approximately  constant, 
the  channels  can  be  considered  WSS  for  the  purpose  of  mathematical  error  performance  calculations.  This  procedure  is 
outlined  in  more  detail  by  Bultitudc  [1987a],  where  it  is  shown  that  for  urban  vehicle  speeds  up  to  100  Km/hr,  urban  mobile 
radio  channels  can  be  considered  QWSS  for  transmission  rates  over  the  range 

232  b/s  <  R  <  325  Kb/s, 


with  rectangular  signalling  elements. 

The  next  step  is  to  chose  the  appropriate  model  for  the  channel,  depending  upon  the  degree  of  selectivity.  This  also 
can  be  effected  by  an  examination  of  correlation  functions  computed  from  measurement  data. 

The  spaced  frequency  correlation  function  Rij{fi,  fj)  can  be  calculated  through  a  complex  cross-correlation  of  time 
senes  data  at  different  spectral  positions  in  channel  transfer  functions  derived  from  fast  Fourier  transforms  of  measured 
impulse  response  estimates  as  outlined  in  [Bultitudc,  1983],  The  channel  can  be  classified  as  frequency  selective  or  frequency 
flat  by  comparison  of  the  intended  transmit  bandwidth  with  the  bandwidth  Be  over  which  the  envelope  of  the  correlation 
function  (the  complex  parts  have  sliapes  depending  on  the  phase  defined  by  to  in  the  FFT  input)  drops  to  zero  The 
channel  can  then  be  considered  as  frequency- flat  if  the  transmission  bandwidth  is  “much  much  less"  than  Be  The 
qualitative  description  of  “much  much  less"  has  been  a  subject  of  research  at  CRC  on  mobile  channels  over  the  past  several 
years.  It  appears  [Bultitudc  and  Bedal,  1989;  Bultitude,  19S7a  ]  that  this  is  dependent  upon  the  CW  envelope  fading 
distribution  on  the  channel  (ex  Rayleigh  or  Rician)  and  current  analyses  indicate  that  W  should  be  about  1/I0th  of  Bc  for 
flat  fading  on  Rayleigh  channels. 

Determination  of  the  time  selectivity  can  be  made  in  an  analogous  manner.  The  function  Rtf  (f»,  ty)  can  be  computed 
from  a  time  series  of  values  at  a  single  spectral  line  in  estimated  channel  transfer  functions.  The  time  lag  required  for  the 
envelope  of  this  function  to  decrease  to  zero  then  defines  correlation  time  on  the  channel.  This  must  then  be  compared  to 
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the  sum  of  the  measured  multipath  spread  and  intended  symbol  durations  for  classification  of  the  channel  with  regard  to 
its  time  selectivity. 

Once  the  selectivity  of  the  channel  under  study  has  been  determined  an  appropriate  model  can  be  chosen.  Error 
probabilities  can  then  be  computed  based  on  the  channel  model  using  techniques  specific  to  the  distribution  of  CW  envelope 
fading.  This  distribution  is  that  of  the  envelope  of  a  single  spectral  line  in  transfer  functions  computed  from  the  impulse 
response  measurements.  In  the  nonselective  cases  a  simple  averaging  of  the  nonfading  probability  of  error  can  be  done  either 
numerically  or  analytically  depending  on  the  availability  of  an  integrable  closed  form  expression  for  the  fading  distribution. 
If  the  channel  has  been  determined  to  be  selective,  analyses  become  more  difficult.  For  the  Rician  and  Rayleigh  CW 
distribution  cases,  the  channel  has  Gaussian  statistics  and  closed  form  equations  can  be  developed  following  Bello's  [Bello, 
1963b;  Bello  and  Nelin,  1962;  Bello  and  Nelin,  1964;  Bultitude,  1987a]  methods.  In  other  cases  simulations  are  required. 

Other  information  such  as  the  burstiness  of  fading,  and  the  fading  bandwidth  [Bultitude,  1987b]  can  also  be  determined 
directly  from  the  measured  data.  This  information  is  of  use  in  the  determination  of  suitable  methods  for  use  of  the  channel 
models  in  the  prediction  of  system  performance.  For  instance,  a  channel  with  continuous  fading  would  lend  itself  to  direct 
application  of  Bello’s  methods.  Performance  calculations  for  a  bursty  channel  might  be  made  differently,  depending  on  the 
rapidity  of  fading  and  the  lengths  of  the  bursts. 

In  summary,  given  the  availability  of  equipment  to  make  propagation  measurements  which  allow  estimation  of  the 
channel  impulse  response,  there  is  no  need  for  assumptions  regarding  statistical  stationarity,  uncorrelated  scattering,  Gaus¬ 
sian  characteristics,  or  the  channel  selectivity.  Additionally,  either  through  similations  which  use  the  measured  channel 
data  as  inputs,  or  through  analytical  methods,  err  or  performance  can  be  calculated  explicitly  for  the  exact  or  most  probable 
channel  conditions.  There  is  no  need  to  blindly  apply  rules  of  thumb,  such  as  the  reciprocal  rms  delay  spread  flat  fading 
critereon,  to  all  channels  regardless  of  their  statistical  stationarity  or  envelope  fading  characteristics  in  order  to  guess  what 
implemented  system  performance  might  be.  This  is  done  too  often  in  current  literature.  Modem  measurement  and  analysis 
techniques  afford  the  opportunity  for  better  founded  prediction  results.  The  information  obtained  from  propagation  mear 
surements  can  be  used  to  verify  conditions  in  every  step  of  performance  prediction  procedures  to  make  results  fit  exactly 
the  conditions  of  the  measured  channel. 
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2.  Channel  Simulators 

2.1  VHF/UHF  Mobile  Radio  Channel  Simulator 

2.1.1  Fading  Simulator 

Several  years  ago  CRC  started  a  project  to  build  a  test  facility  for  land  mobile  radio 
communications  equipment,  Fig.  1.  A  major  part  of  this  test  facility  was  a  channel  simulator  built  under 
contract  by  Miller  Communications  Systems  Ltd,  Fig.  2.  The  channel  simulator  simulated  the  following 
propagation  characteristics:  Rayleigh  fading,  Lognormal  shadowing,  delay,  and  external  broad  band 
Gaussian  noise. 

A  channel  simulator,  circumvents  the  need  for  performing  on-site  operational  tests  and  offers  the 
following  important  advantages  over  on-site  testing:  1)  AVAILABILITY:  A  simulator  provides  immediate 
access  to  the  desired  conditions  without  having  to  move  to  a  suitable  location  and  to  wait  for  the  specific 
conditions.  2)  STATIONARITY:  A  simulator  provides  stationary  statistics  which  allows  one  to  perform  tests 
involving  a  number  of  hours,  whereas  the  statistics  of  true  conditions  generally  change  rapidly  enough  to 
render  sucjt  tests  impractical  and  the  results  useless.  3)  REPEATIBILITY:  A  simulator  offers  accurately 
defined  and  controlled  conditions  for  comparison  testing  of  one  system  at  one  time  and  place  against  other 
systems  at  other  times  or  places,  or  for  repeated  testing  of  the  same  system  after  adjustments  or 
modifications  are  made.  4)  RANGE:  A  simulator  provides  test  conditions  that  extend  to  or  beyond  those 
found  rarely  in  nature.  5)  COST:  A  simulator  allows  measurements  to  be  made  in  a  laboratory  more  quickly 
and  economically  than  similar  on-site  measurements. 

A  number  of  hardware  fading  simulators  [Arredondo  et.  al.,  1973;  Jakes,  1974;  Ball,  1982;  Lorenz 
and  Gelbrich,  1984]  and  channel  simulators  [Caples  et.  al.,  1980;  Ilagenauer  and  Papke,  1984;  Davarian, 
1987]  have  appeared  in  the  literature.  In  our  channel  simulator,  as  shown  in  Fig.  2,  the  signal  may  go 
through  any  combination  of  three  paths,  DIRECT,  FADING  and  FADING  DELAY.  The  simulator  can  be 
operated  at  70  MHz  for  modems  as  well  as  at  the  3  Land  mobile  bands  (ie  138  to  174  MHz,  406  to  470  MHz 
and  806  to  890  MHz).  Operational  Parameters  for  the  channel  simulator  include:  an  instantaneous 
bandwidth  of  10  MHz,  fading  bandwidths  from  3.6  to  1844  Hz,  a  maximum  fade  depth  >25dB,  Rice 
parameters  from  0  to  -25  dB  (the  value  of  the  Rice  parameter  is  the  ratio  of  FADING  power  to  the  DIRECT 
power  in  dB),  Lognormal  shadowing  bandwidths  from  .036  to  18.44  Hz,  Lognormal  shadowing  sigma  from  0 
to  6  dB,  a  shadowing  depth  of  2.5  sigma,  fixed  delays  of  0,1, 2, 5  usee,  signal  to  noise  ratios  of  40  to  99  dBHz 
and  remote  control  via  an  IEEE  488  bus.  To-date  we  have  not  compared  the  channel  simulator  to  any  real 
data,  however,  we  have  exercised  it  and  present  three  examples  below. 

Fig.3  shows  a  typical  output  from  the  fading  channel.  The  Rayleigh  fading  bandwidth,  FD,  is  a 
function  of  vehicle  speed  and  operating  frequency,  i.e.  FD  =  V/LAMDA.  For  a  vehicle  travelling  at  100 
km/hr  and  operating  at  150  MHz  FD=  13.9Hz.  This  rapid  fluctuation  of  the  signal  envelope  is  caused  by 
multipath  propagation  leading  to  wave  interference  as  the  waves  add  and  cancel. 

For  many  urban  situations  the  channel  can  be  characterized  by  a  combination  of  DIRECT  and 
FADING  paths.  The  effect  of  varying  the  Rice  parameter  from  0  dB  (equal  powers)  to  -10  dB  (mostly  direct 
path)  is  to  reduce  the  dynamic  range  of  the  envelope  of  the  received  signal  level.  This  is  shown  in  Fig.  4 
which  is  a  family  of  Amplitude  Probability  Distributions  (APD)  for  varying  values  of  the  Rice  parameter 
for  860  MHz  and  a  vehicle  travelling  at  100  km/hr  (FD  =  79.52  Hz).  The  APDs  are  plotted  on  Rayleigh 
graph  paper  where  a  Rayleigh  distribution  plots  as  a  straight  line  with  slope  of  -1/2.  Values  of  -6  to  -8  dB 
are  typically  found  in  the  literature  for  the  Rice  parameter  [ITU,  1978;  Norton  et.  al.,  1985;  Bajwa,  1985; 
Davis  and  Bogner,  1985]. 

A  second  aspect  of  mobile  radio  propagation,  shadowing  of  the  received  signal  by  buildings  and 
hills,  leads  to  slow  changes  in  the  local  mean  signal  level  as  a  vehicle  moves  through  an  area.  This  slow 
variation  has  been  modelled  by  a  lognormal  distribution  in  the  literature  [Jakes,  1974;  French,  1978; 
Parsons  and  Ibrahim,  1983].  Results  of  varying  the  Lognormal  shadowing  parameter  are  presented  as  a 
family  of  APDs  in  Fig.5.  This  example  is  for  450  MHz  and  a  vehicle  travelling  at  80  km/hr  (FD  =  33.42  Hz). 
There  is  a  significant  change  in  the  shape  of  the  APD  as  sigma  varies  from  0  to  6  dB.  French  [1978]  has 
noted  that  values  of  6  dB  for  sigma  are  typical  in  London  and  suburban  locations,  however,  in  urban  cores 
with  many  high  rise  buildings  sigma  may  be  typically  8  to  12  dB. 
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Table  1 

Average  Fade  Durations 


Fading  Channel  at  150  MHz,  FD  =  13.9  Hz 


Threshold 

Measured  T 

♦Theoretical 

(dB) 

(MSEC) 

(MSEC) 

-  2 

31.8 

31.7 

-  4 

21.5 

22.2 

-  6 

17.1 

16.3 

-  8 

11.9 

12.4 

Fading  Channel  at  860  MHz,  FD 

=  641Iz 

Threshold 

Measured  T 

♦Theoretical 

(dB) 

(MSEC) 

(MSEC) 

-  2 

6.88 

6.86 

-  4 

5.55 

4.81 

-  6 

3.74 

3.53 

-  8 

2.68 

2.67 

*  Using  Jakes’  Formula  for  T 


The  third  study  that  we  carried  out  relates  to  fade  durations.  Jakes  [1971]  presents  a  formula  for 
the  average  fade  duration  at  a  specified  threshold.  Table  1  shows  good  agreement  for  the  two  cases  shown. 
In  calculating  the  average  fade  duration  we  had  to  compute  the  distribution  of  fades.  On  plotting  these  we 
find,  for  example,  that  although  the  average  fade  duration  is  33  msec  there  is  a  wide  spread  which  may  be 
modelled  by  an  exponential  distribution  (see  Fig.  6). 

2.1.2  Non-Gaussian  Noise  Simulator 

The  external  noise  used  in  the  simulator  was  broad  band  Gaussian  noise,  whereas,  the  urban  land 
mobile  channel  environment  is  characterized  by  impulsive  noise  which  in  many  instantances  can  be 
characterized  by  a  Lognormal  amplitude  distribution.  We  have  been  able  to  modify  the  channel  simulator 
to  implement  an  impulsive  noise  generator  which  will  be  interfaced  to  it.  Over  the  years  several  noise 
simulators  have  appeared  in  the  literature.  An  atmospheric  noise  simulator  was  built  at  the  ITS  laboratory 
in  1969  for  LP  and  IIF  noise  [Coon  ct.  al.,  1969;  Bolton,  1971],  In  1975  workers  at  Cornell  University 
developed  a  Pseudorandom  Gaussian  and  impulsive  noise  source  with  a  Lognormal  amplitude  distribution 
[Neuvo  and  Ku,  1975].  In  1984  workers  at  the  University  of  Liverpool  UK  developed  an  impulsive  noise 
simulator  especially  designed  for  the  VHF  UHF  land  mobile  environment  [Parsons,  1984]. 

The  design  of  this  simulator  followed  the  basic  concept  of  Neuvo  a.id  Ku  [1975].  This  consists  of  a 
three  step  process.  1)  generating  pseudorandom  noise  with  a  uniform  amplitude  distribution,  2)  generating 
Gaussian  noise  by  summing  a  finite  number  of  values  of  the  uniformly  distributed  sequence,  and  3) 
forming  a  lognormal  process  by  taking  the  exponential  function  of  each  gaussian  sample. 

To  obtain  a  useful  prototype  we  had  to  reach  a  compromise  of  three  conflicting  design  criteria. 
First,  the  speed  of  sample  generation  is  proportional  to  1/2B,  where  B  is  the  bandwidtii;  second,  the  noise 
must  have  an  accurate  estimate  of  the  design  distribution  and  third  flexibility,  ie  being  able  to  adjust  the 
shape  of  the  distribution.  The  first  criterion  is  of  prime  importance  as  we  must  have  a  noise  source  with  at 
least  a  lOKHz  bandwidth.  The  second  is  also  of  prime  but  slightly  lessor  importance.  Flexibility  has  the 
lowest  importance  at  this  time,  however,  it  must  be  added  to  the  final  design.  Generating  noise  samples  and 
then  outputting  them  one  at  a  time  did  not  meet  the  first  criterion.  The  only  way  of  meeting  this  criterion 
was  by  having  two  parts  to  the  program;  one  to  generate  and  store  noise  samples  in  memory  and  a  second 
part  to  read  the  stored  values  from  memory  and  output  them.  In  the  prototype  hardware  restrictions 
allowed  us  to  store  a  maximum  of  15,000  noise  samples,  however,  we  could  output  values  at  a  50  KHz  rate 
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ie.  a  bandwidth  of  25  KHz.  The  program  produced  values  with  the  correct  amplitude  distributions  as  tested 
by  the  Kolmogorov-Smirnov  goodness  of  fit  test. 

The  prototype  noise  generator  utilizes  an  8088  microprocessor  with  a  16  bit  word.  The  uniform 
number  routine  uses  a  16  bit  Pseudo-Random  Binary  Sequence  (PRBS)  requiring  4  feedback  taps.  This 
produces  a  PRBS  of  lengtht  2^-1  which  is  a  maximal  length  shift  register  sequence.  This  method  was 
used  by  Hurd  [1974]  and  Ball  [1982]  to  produce  statistically  accurate  uniformly  distributed  random 
numbers.  The  Gaussian  numbers  are  found  by  averaging  16  uniform  numbers  and  the  lognormal  values  are 
found  by  use  of  a  lookup  table. 

2.2  A  Recorder-Reproducer  Type  HF  Channel  Simulator 

2.2.1  Introduction 

A  channel  simulator  for  HF  has  been  designed  that  allows  comparison  of  system  under  repeatable 
ar.d  realistic  conditions.  Tests  conducted  over  actual  HF  circuits  can  be  costly  due  to  large  number  of 
trials  required  to  achieve  statistical  validity.  The  use  of  simulator  is  beneficial  only  if  a  realistic  channel 
is  simulated. 

This  report  describes  a  technique  where  the  characteristics  of  the  ionosphere  are  first  recorded 
on  magnetic  tape  then  simulator  is  controlled  by  the  recorded  information  on  the  tape  to  accurately  model 
the  channel.  This  simulator  can  provide  a  means  of  checking  the  results  obtained  using  other  simulators 
such  as  the  ones  described  in  [Prel,  1984], 

2.2.2  Equipment  Description 

The  simulator  consists  of  three  sub-systems  as  shown  in  figure  7  and  8. 

2.2.2. 1  Probe 

The  function  of  the  probe  is  to  enable  a  tape  recording  to  be  produced  from  which  the 
instantaneous  characteristic  of  the  ionosphere  can  be  extracted  by  the  analyzer.  The  probe  generates  a 
signal  called  Frank  code  [Hcimillcr,  1961]  repeated  at  intervals  of  12.25  ms.  The  probe  signal  is  generated 
at  audio  baseband  level  and  transmitted  by  an  HF  SSB  transmitter.  After  traversing  the  ionospheric  path, 
the  signal  appearing  at  the  receiver  audio  output  is  recorded  on  an  analogue  tape  recorder. 

2. 2. 2. 2  Analyzer 

The  function  of  the  analyzer  is  to  produce  channel  characteristics  in  the  form  of  the  channel 
impulse  response.  A  matched  filter  for  the  Frank  code  implemented  in  digital  form  is  used  to  extract  the 
channel  impulse  response.  The  impulse  response  as  function  of  time  is  then  passed  to  the  simulator.  The 
analyzer  generates  a  timing  signal  synchronized  to  the  Frank  code  repetition  rate.  The  analyzer  also  filters 
the  probe  signal  from  the  recorded  information  and  residual  noise  is  transferred  to  the  simulator  section. 

2.2.2. 3  The  Simulator 


The  simulator  consists  of  a  tapped  delay  line  whose  impulse  response  can  be  controlled  by 
adjusting  the  tap  weights.  The  output  of  the  system  under  test  is  connected  to  the  input  of  the  variable 
delay  line.  The  output  of  the  delay  line  is  the  simulator  output,  representing  the  signal  distorted  by  the 
process  of  propagation  through  the  ionosphere.  The  simulator  receives  the  channel  impulse  response  from 
the  analyzer  every  12,25  ms  and  the  tapped  delay  line  is  updated  with  the  channel  information.  The 
channel  information  can  be  time  averaged  and  updates  can  be  made  at  a  reduced  rate.  The  simulator  can 
also  add  the  noise  information  supplied  by  the  analyzer  to  the  transversal  filter  output. 


2.2.3  System  Parameters 

System  bandwidth: 
Input  impedance: 
Input  level: 

Tape  recorder: 


300  to  3000  Hz 

600  Ohm  balanced 

+6  V  into  600  Ohm  analog 

Analog  audio  recorder  with  jitter  <  50 

parts  per  million 

50  dB. 


Dynamic  range: 
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2.3  A  Spread-Spectrum  HF  Simulation  Facility  (Implemented  in  Software) 

The  CRC  spread-spectrum  simulation  facility  is  intended  as  a  tool  for  the  investigation  and 
comparison  of  both  existing  and  proposed  spread-spectrum  systems.  It  was  designed  to  simulate  the 
operation  of  a  complete  spread-spectrum  communication  system  including  transmitter,  HF  propagation 

path,  interference,  and  receiver,  and  to  provide  all  the  data  and  signal  generation  and  analysis  capabilities 
necessary  to  determine  the  performance  of  the  simulated  systems.  Direct-sequence  and  frequency¬ 

hopping  systems  as  well  as  conventional  communication  systems  may  be  simulated.  The  simulation  is 
performed  in  software  on  a  Digital  Equipment  Corporation  VAX  11/750  computer.  The  following  is  a  very 
brief  description  of  the  facility.  Much  greater  detail  can  be  found  in  Venier  [1986]. 

Figure  9  indicates  the  general  structure  of  the  simulator  and  some  of  the  pioccsses  implemented. 
The  solid  arrows  show  the  normal  flow  of  data  and  signals,  while  the  dashed  ones  indicate  alternative 
routes  which  can  be  used  for  testing  of  particular  parts.  The  user  decides  which  of  the  processes  he 
wishes  to  include  in  the  simulation  and  selects  them  and  their  parameters  in  an  interactive  process  in 
which  the  program  questions  him  on  the  desired  values.  A  batch  mode  of  operation  under  control  of  a 
command  file  is  offered  as  an  alternative  for  long  runs  of  complex  systems.  The  simulator  was  made  as 
flexible  as  possible,  providing  a  good  selection  of  subsystems  that  should  cover  a  wide  range  of  actual 
and  proposed  systems. 

Waveforms  in  the  simulation  are  represented  by  complex  floating  point  samples.  This  allows 
both  positive  and  negative  frequencies  to  be  independently  specified,  and  therefore  carrier  frequencies 
can  be  set  at  or  near  zero  Hz  in  order  to  minimize  the  required  sample  rate. 

In  a  frequency-hopping  system  a  new  carrier  frequency  is  selected  periodically  in  a  pseudo¬ 

random  manner  from  a  pre-determined  set  of  frequencies.  Since  the  simulation  is  carried  out  entirely  at 
baseband  the  simulated  signal  is  not  actually  hopped  in  frequency,  but  the  samples  at  a  given 

frequency  are  grouped  into  a  block  with  the  first  two  words  of  the  block  used  to  indicate  the  frequency  of 

that  block  and  the  number  of  samples  in  the  block.  The  propagation  medium  routines  make  use  of  the 
frequency  words  to  determine  which  propagation  characteristics  to  apply  to  the  samples  in  that  block.  The 
front  end  of  the  receiver  also  looks  at  the  frequency  words  to  determine  whether  to  accept  the  samples  (a 
frequency  hop  generator  in  the  receiver  determines  receiver  tuning). 

The  simulator  attempts  to  model  HF  propagation  conditions.  Many  discrete  paths  with  user- 
selected  attenuation,  delay,  and  doppler  frequency  can  be  simulated.  The  paths  may  be  either  fixed  or 
have  Rayleigh  fading.  In  the  case  of  Rayleigh  fading,  the  amplitude  and  phase  of  each  component  arc 
derived  from  a  filtered  pseudo-random  Gaussian  noise  generator,  with  mean  amplitude  and  Doppler 
frequency  selected  by  the  user.  The  filter  characteristics  are  selected  by  the  user  to  determine  the  fading 
rate.  Rician  fading  may  be  simulated  by  combining  fixed  and  Rayleigh  paths.  Delay-spread  conditions  are 
simulated  by  a  providing  a  number  of  paths  with  delays  spaced  only  one  sample  interval  apart  and 

therefore  unresolvablc  by  the  simulated  signal.  Different  propagation  conditions  may  be  specified  at 

different  transmission  frequencies  to  allow  realistic  simulation  of  frequency-hop  systems. 

The  noise  and  interference,  like  the  propagation  characteristics,  are  functions  of  frequency,  but  in 
this  case  it  is  the  frequency  to  which  the  receiver  is  tuned,  rather  than  the  the  transmission  frequency. 
Since  these  two  may  not  always  be  the  the  same,  the  simulated  noise  and  interference  arc  added  in  the 
receiver  and  controlled  by  the  dehopping  frequency  generator.  Their  characteristics  are  specified  by  the 
user  for  the  different  frequency  ranges. 

Types  of  noise  and  interference  provided  in  the  simulator  a.e:  Gaussian  noise;  pure  impulse 
noise  with  random  intervals  and,  if  desired,  random  energy;  pulse  interference  with  random  intervals;  tone 
interference;  swcpt-frequcncy  interference;  and  impulsive  noise  modeled  on  the  CC1R  HF  noise  probability 
distribution  curves  [2].  The  different  types  of  noise  and  interference  may  be  combined. 

Other  functions  available  in  the  simulator  include:  direct-sequence  modulation,  various  types 

of  data  modulation  and  demodulation,  filtering,  automatic  gain  control,  amplitude  limiting,  error- 
correction  coding  using  cyclic  block  codes,  interleaving,  synchronization  of  data  symbols  and  spreading 
codes,  and  various  routines  for  the  analysis  of  signals  and  data. 
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3.  Some  New  Approaches  to  Communications  System  Design 

It  was  noted  in  the  theme  for  this  meeting  that  microprocessor  technology  is  radically  changing 
the  engineering  approach  to  designing  and  operating  communication  systems.  The  flexibility  offered  by 
software  implementation  makes  them  ideal  vehicles  to  realize  and  optimize  new  approaches.  In  contrast 
with  traditional  systems,  signal  processing  for  modem  systems  can  be  realized  in  software,  employing 
digital  signal  processing  chips  to  perform  the  required  modulation  and  demodulation  processes.  For 
example,  the  input  voice  signal  can  be  digitized,  transformed  to  the  frequency  domain  by  an  FFT,  where 
block  filtering  and  frequency  translation  are  easy.  An  inverse  FFT  returns  the  signal  to  the  time  domain, 
but  at  a  low  IF  frequency.  The  signal  is  then  translated  to  RF.  On  receive  the  reverse  takes  place.  The 
received  signal  is  translated  to  low  IF,  digitized,  and  transformed  to  the  frequency  domain  by  an  FFT.  In 
this  domain  the  signal  is  translated  back  to  base-band,  and  the  return  to  an  analogue  signal  is  achieved  by 
application  of  an  inverse  FFT.  One  can  then  put  on  a  pair  of  earphones  and  listen  to  the  signal.  The  paper 
by  Boucher  et.  al.  to  be  presented  at  this  meeting  describes  CRC  research  in  this  area. 

The  use  of  microprocessors  for  coding  and  decoding,  for  code  diversity,  for  transmission  of  digital 

facsimile,  for  adaptive  HF  systems  employing  real-time-channel  evaluation  and  adaptive  networking,  and 

for  adaptive  antenna  arrays  for  cancelling  interference  or  jamming  are  described  below. 

3.1  Use  of  Coding  Diversity  on  HF  Data  Circuits 

3.1.1  Introduction 

There  is  a  need  for  HF  data  transmission  systems  to  provide  reliable  service  in  an  efficient 

manner  with  multi-tone  FSK  or  PSK  modems  (see  CCIR  Recommendation  436-2  and  Report  864-1  Dubrovnik, 

1986).  To  compensate  for  the  unfavourable  nature  of  the  selective  fading  phenomenon  of  the  transmission 

medium,  in-band  or  other  frequency  diversity  techniques  are  widely  utilized. 

This  report  describes  a  coding  technique  that  improves  the  in-band  frequency  diversity  system. 

3.1.2  System  Description 

The  transmission  scheme  described  in  this  report  is  shown  in  Fig.  10.  The  output  m(t)  from  a 
binary  information  source  is  fed  into  an  encoder  shift  register  of  length  K.  After  each  shift  of  the  register 
at  the  source  data  rate,  the  encoder  generates  two  code  bits,  Cj(t)  and  C2(t),  which  in  turn  drive 

corresponding  conventional  data  modulators.  In  practice  the  centre  frequency  separation  of  these  data 

modulators  is  usually  about  1  kHz.  The  combined  output  of  the  modulators  is  then  fed  into  a  HF  SSB 

transmission  system. 

In  frequency  diversity  operation,  the  system  of  Fig.  10.  assumes  its  simplest  form.  The  code  bits 
arc  simply  replicas  of  the  information  bit,  i.e.  Cj(t)=C2(t)=m(t).  The  decision  on  the  value  of  a  given 
information  bit  is  based  on  the  combined  value  of  the  outputs  of  the  two  demodulators.  Fum  an  information 
theory  context,  frequency  diversity  can  be  described  as  a  rate  1/2  repetition  coding  scheme  that  uses  soft 
decisions. 

In  frequency  diversity  transmission,  only  two  code  bits  contain  information  about  any  given 
information  bit.  With  nonzero  probability,  both  of  these  bits  can  be  simultaneously  corrupted  by  fading, 
interference  or  noise  so  that  an  incorrect  decision  is  made  on  the  information  bit.  When  this  occurs,  there 
is  no  possibility  of  correcting  the  error  by  using  the  values  of  the  other  code  bits.  It  therefore  appears 
desirable  to  encode  the  information  sequence  such  that  more  than  a  single  pair  of  code  bits  is  related  to 
any  given  information  bit.  The  system  of  Fig.  1  does  this  by  mapping  the  information  sequence  prior  to 
transmission. 

Any  type  of  rate  1/2  error  correcting  code  could  be  used  in  coded  frequency  diversity 
transmission,  but  convolutional  codes  are.  particularly  suitable  because  their  encoder  structure  fits  with 
the  structure  of  frequency  diversity  transmission  systems,  and  the  Viterbi  algorithm  can  be  used  to 
efficiently  carry  out  soft-decision  decoding  [Clark  and  Cain,  1981].  The  outputs  of  the  demodulators  arc 
fed  to  A/D  converters  in  a  Viterbi  decoder  which  replace  the  conjoining  operation  of  the  conventional 
frequency  diversity  system. 
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3.1.3  Experimental  Results 

On  the  air  performance  comparison  of  frequency  diversity  and  coding  diversity  has  been  made. 
Convolutional  codes  of  constraint  length  K=5,  and  7  were  chosen,  and  the  output  of  the  encoder  is  fed  into  a 
multi  tone  FSK  modulator  centre  frequencies  1105  and  2125  Hz  and  +.42.5  Hz  shift.  The  data  rate  of  each 
synchronous  channel  was  75  bps.  The  eye  signal  from  each  demodulator  was  digitized  by  a  sample  taken 
from  the  centre  of  the  eye  period.  The  HF  radio  equipment  used  were  a  100  watt  transmitter,  broadband 
antennas,  and  a  synthesized  communications  receiver.  Maximal  ratio  combining  was  used  for  the  diversity 
reception  experiments.  A  real  time  Viterbi  decoder,  implemented  in  software  with  an  8  bit  general 
purpose  micro  processor,  was  used  for  the  coding  experiments.  Details  of  this  system  have  been  published 
[McLarnon,  1985;  Garcia  et  al.,  1985]. 

Three  series  of  on-the  air  tests  were  conducted  from  Ottawa,  short  range  test  over  a  distance  of  60 
km,  which  has  a  weak  groundwave  component;  medium  range  distance  of  400  km  to  Toronto;  and  a  third  test 
from  a  ship  operating  off  the  east  coast  of  Canada.  Her  voyage  took  it  from  Quebec  City  to  The  High  Arctic, 
allowing  tests  to  carried  cut  over  distances  ranging  from  about  400  to  2500  km.  During  the  latter  part  of 
this  test  period,  the  HF  link  traversed  the  auroral  belt  and  rapid  fading  was  often  present. 

The  error  patterns  of  frequency  diversity  and  coding  diversity  were  analyzed.  It  was  observed  that 
both  sets  of  data  exhibited  the  burstiness  characteristic  of  the  HF  channel;  however,  in  the  case  of 
diversity,  transition  between  bursts  and  the  periods  of  lower  error  rates  were  gradual.  The  errors  were 
random  much  of  the  time,  with  frequent  isolated  single  errors.  The  data  from  the  coding  diversity  system 
had  dense  bursts  with  relatively  abrupt  beginning  and  end,  longer  error  free  gaps,  and  an  absence  of  single 
and  double  errors.  The  bursts  tended  to  be  longer  than  those  in  the  diversity  system.  After  a  long  burst 
the  decoder  requires  some  time  to  recover.  Thus  the  bit  error  rate  in  the  decoded  sequence  may  actually  be 
higher  than  that  in  a  conventional  diversity  system.  This  is  not  the  case  for  the  block  error  rate 
performance. 

This  system  is  intended  to  be  used  in  an  ARQ  protocol  environment  which  precludes  the  use  of 
interleaving  or  time  diversity.  These  schemes  have  been  shown  to  result  in  improvements  in  the  bit  error 
rate,  but  they  require  delays  of  the  order  of  several  hundred  bits.  In  block  transmissions  blocks  are 
rejected  due  to  single  or  more  errors  which  is  the  case  for  frequency  diversity  combining.  But  in  coding 
diversity  the  block  rejection  is  reduced  by  reduction  of  isolated  errors.  The  tests  were  done  for  block  sizes 
of  128  and  512  bits,  which  is  typical  for  the  system  that  is  going  to  utilize  the  coding  diversity. 

The  block  error  rates  of  the  two  techniques  were  compared  and  are  shown  in  Table  2.  The  table 
includes  the  percentage  increase  in  probability  of  receiving  an  error  free  block  for  the  coding  technique 
versus  frequency  diversity.  The  improvement  obtained  varied  from  good  to  insignificant,  and  a  larger 
improvement  for  512  bit  blocks  are  observed  In  some  instances  the  diversity  transmission  was  virtually 
error-free  itself,  and  thus  there  was  little  room  for  improvement;  in  other  cases,  the  channel  was  so  poor 
that  neither  system  provided  a  useable  error  rate.  It  was  observed  that  in  no  instance  was  the  performance 
of  the  coding  scheme  significantly  worse  than  that  of  the  standard  diversity  system. 

Table  2 

Experimental  Block  Error  Rate  (BER)  results 


Block  Size  =  128  (bits). 


Test 

Number 

Constrain! 

Length 

Diversity 

BER 

Coding 

BER 

Total 

Bits 

Throughput 
Improvement  % 

1 

K=7 

293 

201 

1,430,000 

13.0 

2 

K=7 

217 

127 

506.000 

11.5 

3 

K=5 

321 

227 

352,000 

13.8 

4 

K=7 

084 

015 

217,000 

7.5 

5 

K=7 

083 

019 

217,000 

6.5 

Block  Size  = 

=  512  (bits)  . 

6 

K=7 

548 

406 

1,430,000 

31.4 

7 

K=7 

378 

223 

506,000 

24.9 

8 

K=5 

570 

420 

352,000 

34.9 
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3.1.4  Implementation  Considerations 

The  coding  technique  described  in  this  report  has  a  number  of  practical  limitations  and  it  will  not 
replace  a  general  purpose  diversity  combiner  in  all  applications.  It  is  incompatible  with  asynchronous 
data  transmissions  systems.  It  is  potentially  useful  with  ARQ  systems  using  synchronous  transmissions 
provided  that  the  transmissions  are  not  so  short  that  the  improvement  in  throughput  is  nullified  by  the 
increase  in  overhead  bits  required  for  proper  operation  of  the  Viterbi  decoder.  The  overhead  is  4  times  K 
bits  (where  K  is  the  constraint  length)  needed  at  the  beginning  of  the  transmission,  plus  there  is  a 
postamble  of  K-l  bits  at  the  end  of  the  transmission. 

3.1.5  Conclusions 

An  error  control  scheme  based  on  convolutionally  coded  frequency  diversity  transmission  has 
been  tested.  Experimental  results  show  that  this  system  has  better  block  error  rate  performance  than 
ordinary  frequency  diversity  systems.  The  scheme  is  suitable  for  systems  that  presently  use  ordinary 
frequency  diversity  in  combination  with  a  synchronous  ARQ  protocol. 


3.2  HF  Radio  Communication  Equipment  for  Digital  Facsimile  and  Hard  Copy  Messages 

3.2.1  Introduction 

An  automatic  HF  digital  facsimile  and  hard  copy  terminal  developed  in  Canada  described  in  this 
report  [Scrinken  1988].  The  system  has  the  following  general  characteristics: 

HF  frequency  evaluation  and  selection; 

access  from  the  switched  network  for  remote  terminal  operations; 
storage,  editing  and  transmission  of  messages  from  disk  media; 
high  quality  Group  3  facsimile  image  with  (7.7  x  3.85  line/mm)  resolution; 
enhanced  throughput  through  hybrid  ARQ  with  forward  error  correction; 
hardware  built  to  fit  into  one  slot  of  a  8088  based  personal  computer; 
interfaced  to  HF  SSB  transceivers  via  baseband  audio  ports. 

3.2.2  System  Description 

The  terminal  is  built  around  an  8088  microprocessor  based  personal  computer  that  has  a  real  time 
multitasking  disk  operating  system  environment.  The  resources  of  the  computer  are  utilized  by  the 
terminal  software  and  the  user  has  access  to  the  file  management  utilities  for  entry  or  retrieval  of 
information  from  the  terminal.  The  information  that  is  transmitted  and  received  by  the  terminal  is  stored 
in  the  disk  storage  of  the  computer. 

The  HF  modem  is  a  12  channel  (see  CC1R  Recommendation  436-2  Dubrovnik,  1986)  FSK  modem  with 
±42.5  Hz  and  170  Hz  channel  separations.  The  modulator  and  demodulator  arc  implemented  in  Digital 
Signal  Processing  (DSP)  devices  and  interfaced  to  the  computer  bus.  The  modem  and  interface  hardware  is 
contained  on  a  plug-in  card  for  the  computer  expansion  bus.  Data  are  fed  to  the  modulators  as  12  bit 
binary  words  at  10  ms  intervals  through  a  parallel  data  output  port.  The  modem  outputs  are  combined  and 
applied  to  the  audio  input  of  an  HF  SSB  communication  transmitter. 

The  HF  SSB  receiver  audio  output  is  digitized  and  fed  to  the  12  modem  inputs.  The  demodulator 
generates  a  100  Hz  clock  synchronized  to  the  received  data  signal.  Each  demodulator  output  "eye  signal"  is 
sampled  in  the  middle  of  the  bit  timing  interval,  and  the  sample  is  converted  into  a  5  bit  digital  word.  At 
every  10  ms  interval  12  demodulator  samples  arc  transferred  to  the  computer  memory  for  processing. 
Although  the  signalling  rate  is  100  Bauds,  the  presence  of  12  channels  result  in  a  raw  data  rate  of  1200 
bit/s. 


The  terminal  is  designed  to  operate  with  a  packet  radio  protocol  which  provides  the  system  with  a 
framework  for  exchange  of  control  information  such  as  station  identification,  message  types  and  options  In 
particular,  the  protocol  permits  the  implementation  of  a  selective  repeat  ARQ  algorithm,  which  ensures  the 
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message  integrity.  Every  packet  starts  with  a  bit  synchronization  sequence  followed  by  a  packet  framing 
word  transmitted  on  all  the  channels.  The  computer  combines  all  the  sampled  data  from  12  channels  and 
performs  a  matched  filter  detection  for  the  packet  framing  word.  The  information  following  the  framing 
word  is  called  the  packet  header.  The  data  bytes  of  the  packet  header  are  coded  with  block  code  of  (12,8) 
minimum  distance  3,  which  is  transmitted  in  parallel  from  the  12  modulators.  The  block  code  is  decoded 
with  a  soft  decision  decoding  algorithm  by  the  receiver.  The  validity  of  the  packet  header  is  verified  with  a 
high  rate  error  detection  code  which  is  transmitted  as  part  of  the  header  packet.  In  the  packet  header 
coding  diversity  is  utilized  instead  of  conventional  inband  frequency  diversity. 

The  information  is  assembled  into  96  small  packets  and  transmitted  after  the  packet  header.  Each 
information  packet  contains  data  bytes  plus  a  sequence  number  and  error  detecticn  code.  The  information 
packets  are  then  coded  wit!  a  rate  one  half  error  correction  code.  The  error  correction  code  is  chosen  such 
that  the  information  can  be  recovered  for  either  half  of  the  coded  packet.  The  transmitter  does  not  transmit 
the  parity  portion  of  the  coded  packets  initially  but  saves  them  for  future  repetition  requests.  Each  of  the 
12  modulators  are  fed  with  8  information  packets  sequentially  without  any  duplication.  In  addition  to 
information  packets  a  packet  sent  containing  the  sequence  numbers  of  packets  that  are  contained  in  that 
transmission.  The  receiving  terminal  checks  the  information  packets  for  presence  of  errors,  if  the  packet 
is  error  free  the  information  is  stored  in  its  proper  location  as  indicated  by  the  sequence  number.  If  the 
information  packet  has  one  or  more  errors  the  sampled  analog  values  of  the  packet  from  the  demodulator 
output  are  saved  for  future  processing.  The  message  receiving  terminal  requests  repeat  of  the  outstanding 
information  packets  in  the  acknowledgment  packet.  Whenever  the  transmitter  has  to  repeat  an  information 
packet  the  parity  part  of  the  error  detection  code  version  of  the  packet  is  sent.  The  transmitter  alternates 
the  repetition  of  the  same  packet  between  the  information  and  parity  part  of  the  coded  packet.  If  the 
parity  part  of  the  error  detection  code  of  the  packet  is  received  error  free  then  the  information  is 
recovered  by  an  inversion  process.  If  the  second  transmission  also  contains  errors  a  soft  decision  error 
correction  process  is  activated  using  the  stored  samples  of  the  same  packet  from  first  and  second 
receptions.  The  output  of  the  error  correction  process  is  verified  with  error  detection  code  of  the  packet 
before  accepting  the  data.  The  receiver  linearly  combines  the  stored  sampled  analog  values  of  the  same 
packet  whenever  the  received  packet  fails  the  error  detection  process  in  order  to  build  signal  strength  and 
utilize  time  diversity  [Lin  et  al.,  1984].  When  the  transmitter  has  to  repeat  an  information  packet  the 
repetition  of  that  packet  is  made  through  a  different  channel  to  avoid  persistent  channel  disturbance  that 

The  terminal  scans  the  assigned  radio  frequencies  continually  and  when  a  message  transmission  is 
initiated,  the  message  originating  terminal  calls  the  destination  terminal  sequentially  on  all  the  assigned 
radio  channels.  The  message  session  is  established  on  a  frequency  that  is  suitable  for  data  transmission. 
In  this  way,  the  reliability  of  the  network  is  maintained  even  when  experienced  operators  are  not  available. 


Interface  to  CCITT  Group  3  facsimile  apparatus  is  provided  through  a  special  port  built  into  the 
computer  interface  card  of  the  terminal.  The  document  is  scanned  in  7.7  by  3.85  line/mm  resolution  and 
the  image  data  is  compressed  with  an  error  free  algorithm  described  in  [Rissanen  and  Langdon,  1981].  This 
algorithm  has  been  found  to  be  65%  more  efficient  then  the  CCITT  Group  4  facsimile  apparatus  data 
compression  technique.  The  image  compression  algorithm  when  applied  to  eight  CCITT  test  images  results 
in  an  average  image  size  of  12  kilobytes.  The  compressed  image  is  transmitted  from  the  disk  file  and  the 
receiving  terminal  places  the  image  into  disk  storage.  The  image  can  be  expanded  with  the  inverse  of  the 
data  compression  algorithm  and  viewed  by  the  video  display  unit  of  the  computer  or  printed  by  the 
facsimile  machine. 

3.2.3  Experimental  Results 

The  system  tested  on  a  link  from  Ottawa  to  a  location  near  Vancouver  a  distance  of  3500  km.  A 
4096  byte  test  message  was  transmitted  periodically  over  a  15  day  trial  period.  The  terminals  were 
programmed  to  scan  3  assigned  radio  channels  and  no  operator  was  utilized  for  channel  selection.  Fig.  11 
shows  the  distribution  of  transmission  times  for  344  experiments  that  were  conducted  during  this  trial. 
Tests  were  also  made  over  a  100  km  link  near  Ottawa,  the  results  obtained  were  substantially  the  same  as 
those  obtained  in  the  long  range  trial.  The  received  files  from  the  trials  were  checked  for  undetected 
errors  and  none  were  found  in  6000  kilobytes  of  data. 

3.2.4  Conclusions 

The  HF  system  design  achieved  reliable  data  and  message  transmission  over  HF  radio  channels. 
The  memory  ARQ  performs  as  a  diversity  on  demand  technique  adapting  the  system  to  changing  channel 
conditions,  thus  achieving  higher  throughput  when  compared  to  systems  utilizing  inband  frequency 
diversity  and  simple  ARQ  protocols  where  the  received  data  is  discarded  in  the  presence  of  errors.  The 
parallel  modems  are  used  in  a  flexible  mode  where  the  data  can  be  coded  and  spread  over  all  the  channels, 
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and  the  error  correcting  capability  of  soft  decision  decoding  enhances  the  performance  when  extra 
protection  is  required  for  packet  headers.  The  built-in  facility  for  monitoring  different  radio  frequencies 
improves  the  success  for  establishing  a  link  under  changing  propagation  conditions.  The  data  compression 
algorithm  incorporated  into  the  terminal  software  performs  efficient  data  compression  thereby  reducing 
the  size  of  the  file  and  time  to  transmit.  The  images  are  reproduced  by  the  receiving  terminal  with  the 
same  fidelity  as  the  scanned  image  in  the  transmitting  terminal  due  to  error  protection  provided  by  the 
data  transmission  protocol. 

The  system  has  been  tested  through  HF  skywave  paths  for  a  period  of  3  months  and  the 
performance  met  all  the  design  goals.  The  HF  facsimile  and  data  terminal  provides  reliable  data  service 
with  a  modest  combination  of  equipment. 

3.3  Adaptive  HF  Communications 

Adaptive  techniques  form  a  useful  set  of  tools  for  combatting  the  time  and  space  variability  of  HF 
channels  and  the  other  factors  adversely  affecting  HF  communications.  When  combined  with  packet¬ 
switching  techniques,  adaptive  techniques  are  probably  the  most  serious  contender  for  improving  HF 
communications  performance  as  expressed  by  connectivity,  speed,  throughput,  reliability  and 
survivability.  A  system,  the  adaptive,  packet-switched  HF  data  terminal,  based  upon  such  techniques  has 
been  built  and  tested  at  CRC.  Its  design  and  performance  have  been  described  by  Nourry  and  Mackie 
[1988]. 


Current  R&D  on  adaptive  HF  communications  at  CRC  follows  the  adaptive-system  approach  used  for 
the  terminal  and  consists  mainly  of  three  projects:  the  packet-switched  I1F  data  terminal  project,  the 
A/G/A  data/voice  HF  terminal  project  and  the  adaptive  serial  modem  project.  The  highlights  of  each  of 
these  projects  are  briefly  described  below. 

The  adaptive,  packet-switched  HF  data  terminal  is  currently  being  enhanced  to  provide  FDMA 
network  operation,  secure  data  transfer  and  enhanced  throughput.  FDMA  network  operation  and  secure  data 
transfer  are  operational  requirements  dictated  by  the  environment  in  which  this  system  is  to  evolve. 
Enhanced  throughput  will  be  achieved  through  refinements  in  the  system  algorithms  (especially  at  the 
physical  and  link  levels),  a  new  channel  access  strategy  and  by  the  use  of  a  multi-microprocessor  design 
where  microprocessors  are  specialized  to  functions  characteristic  of  specified  levels  in  the  ISO/OSI 
reference  model.  As  shown  in  Figure  12,  the  new  architecture  includes  one  processor  for  the  transport  and 
network  levels  functions,  one  physical/link  processor  per  link  supported  by  this  network  node,  and  one  or 
more  I/O  processor  as  dictated  by  the  equipment  configuration. 

The  new  throughput  figures  resulting  from  these  changes  and  the  additional  processing  power  will 
be  available  in  early  fall  1988.  It  is  planned  to  test  this  version  of  the  terminal  in  1989  over  a  four-node 
network  across  Canada.  This  would  be  followed  by  an  evaluation  of  this  system  over  a  similar  network  but 
including  trans-auroral  and  polar  cap  paths. 

The  adaptive  air-ground-air  (A/G/A)  data/voice  HF  terminal  will  include  both  data  and  voice 
components.  The  emphasis  in  this  system  is  placed  upon  throughput  and  upon  a  controlled  error  level  as 
opposed  to  the  error-free  transmission  provided  by  the  previous  system.  The  A/G/A  terminal  includes 
Ltnk-11  type  formatting  of  the  transmitted  data.  The  voice  component  makes  use  of  an  LPC-10  vocoder 
developed  at  CRC.  Due  to  limitations  in  the  RF  equipment  and  antenna  in  aircraft,  the  communication  links 
are  half-duplex  and  thus  voice  communications  temporarily  interrupt  the  normal  flow  of  data  on  the  link. 

The  A/G/A  system  will  be  evaluated  over  a  one  year  period,  starting  in  summer  1989,  in  the 
Canadian  Arctic.  Following  an  extensive  site  survey  in  January  1988,  four  sites  have  initially  been 
selected  for  this  experiment.  Yellowknife,  Inuvik,  Cambridge  Bay  and  Resolute  Bay.  This  selection  of  sites 
allows  for  the  testing  of  the  system  over  polar  cap  circuits.  The  experimental  plan  will  include  provisions 
for  the  evaluation  of  the  importance  of  path  and  frequency  diversity  in  this  environment  as  well  as  the 
impact  of  such  factors  as  sporadic  E  (c.f.  BR  Communications,  1986]  and  polar  cap  absorption  events  on  I1F 
propagation  in  the  Arctic. 

Both  of  the  above  systems  will  make  use  of  the  adaptive  serial  modem  being  developed  at  CRC.  This 
modem  utilizes  a  decision  feedback  equalizer  (DFE),  the  tap  weights  of  which  are  adapted  by  a  stochastic 
descent  or  LMS  algorithm  iterated  several  times  per  baud.  The  adaptation  capability  of  the  LMS  algorithm 
has  been  observed  to  be  roughly  proportional  to  the  number  of  iterations  of  the  algorithm  completed  per 
baud.  Even  with  a  reasonable  number  of  iterations  (7-8),  however,  the  modem  has  been  found  to  be 
adaptation-rate  limited  for  (equal  strength,  two-path,  Rayleigh)  fading  rates  exceeding  about  0.5  Hz.  To 
overcome  this  limitation,  the  received  modem  signal  will  first  be  passed  through  an  adaptive  lattice 
decorrelation  (whitening)  filter  [Frienlander,  1982]  before  entering  the  input  to  the  equalizer. 
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Experimental  evaluation  of  the  lattice  filter/multiple-iterated  LMS  algorithm  should  be  completed  in  the 
late  summer  of  1988. 

In  selecting  the  particular  approach  described  above,  cost,  consistcntwith  a  reasonable 
performance,  was  an  important  consideration.  The  use  of  algorithms  having  low  to  moderate  computational 
requirements  reduces  system  cost  since  the  need  for  bit-sliced  or  custom-designed  array  processors  is 
avoided.  Two  characteristics  of  the  algorithms  selected,  namely,  the  absence  of  feedback  between  the  DFE 
and  the  lattice  filter,  and  the  proportional  increase  in  required  computation  with  the  number  of  iterations 
performed  per  baud  in  updating  the  equalizer  tap  weights,  make  these  algorithms  well  suited  for 
implementation  on  a  multiprocessor  system  and  for  parallel  processing. 

The  modem  will  provide  various  operating  modes  including  that  specified  in  STANAG  4285.  These 
modes  differ  primarily  in  the  details  of  the  coding  and  interleaving  subsystems.  Convolutional  and  Reed- 
Solomon  (block)  forward  error  correction  coding  will  be  implemented.  Various  interleaving  strategies  are 
being  tested  to  maximize  performance  for  a  specified  maximum  interleaving  depth.  The  modem  provides 
estimates  of  the  channels  S/N  ratio,  delay  and  Doppler  spreads.  The  HF  terminal  makes  use  of  these 
parameters  along  with  pseudo-bit  error  rate  measurements  and  other  factors,  to  rank  the  available 
communication  channels. 

3.4  Broadband  Adaptive  Antennas 

Adaptive  antenna  arrays  have  been  shown  to  be  highly  effective  in  cancelling  interference  or 
jamming,  in  a  wide  range  of  communications  receiving  applications.  One  factor  limiting  the  performance  of 
such  arrays  is  the  bandwidth  of  the  signals  they  are  required  to  receive  (and  thus  the  interference  they 
must  reject).  Individual  components  in  the  individual  element  receive  channels  will  not  be  completely 
identical  in  frequency  response,  to  components  in  the  other  channels.  Also,  the  spatial  separation  of  array 
elements  gives  rise  to  a  frequency-dependent  difference  in  phase  response,  between  channels.  As  a  result 
of  these  frequency-dispersive  effects,  array  weights  which  cancel  one  frequency  component  of  an 
interfering  signal  may  not  be  able  to  cancel  other  frequency  components. 

Work  at  CRC  up  to  the  present  time,  has  been  restricted  to  adaptive  arrays  working  with 
conventional  narrowband  signals,  mainly  HF.  The  weighting  and  combining  of  signals  from  the  array 
elements  has  been  performed  digitally,  at  baseband,  using  as  input  the  signals  from  a  set  of  commonly- 
tunded  receivers  attached  to  the  individual  array  elements  (Figure  13).  The  frequency-dispersive  effect  of 
spatially  separate  antenna  elements  are  not  significant  in  limiting  array  performance  for  these 
applications.  However,  channel  component  mismatches  in  frequency  response  do  play  a  major  role  here,  as 
well  as  in  broadband  systems. 

3.4.1  Channel  Mismatches 

Channel  mismatches  in  arrangements  similar  to  that  of  Figure  13  arise  mainly  in  the  later  stages 
of  the  receivers,  and  in  the  bandwidth-limiting  filters.  We  have  used  matched  filters  to  provide  the  final 
band-limiting  in  order  to  minimize  this  problem.  An  analysis  of  the  effect  of  frequency-dependent 
mismatches  on  array  performance  (Robinson  and  Jenkins,  1982]  show  that  the  achievable  null  depth  of  an 
array  operating  against  spcctrally-flat  interference  is  given  in  terms  of  the  fraction  of  interference  power 
passing  through  the  adapted  array,  by 


8P/P  =  a<p2  +  o 2  a 

where  is  the  rms  variation  in  relative  phase  response  remaining  once  the  average  frequency  dependence 
and  mean  phase  difference  between  channels  have  been  removed,  as  measured  in  radians,  and  is  the 
corresponding  rms  variation  in  relative  amplitude  response,  expressed  as  a  fraction  of  the  mean. 
Measurements  on  a  set  of  HF  receivers,  I  and  Q  downconvertors,  and  matched  low-pass  filters  similar  to 
those  shown  in  Figure  13  reveal  the  major  portion  of  the  limit  to  null  depth  arises  from  phase  mismatches, 
and  these,  are  largely  a  linear  function  of  frequency  across  the  signal  bandwidth.  As  such,  they  are 
equivalent  to  differences  in  time  delays  introduced  by  the  equipment.  In  the  digital  systems  developed  at 
CRC,  they  have  been  corrected  for  by  staggering  the  input  sampling  times  by  appropriate  amounts.  In  this 
way,  a  measured  limit  to  null  depth  of  approximately  23  db  over  the  conventional  3  kHz  HF  bandwidth  was 
increased  to  35  dB  [Robinson  and  Jenkins,  1982], 

3.4.2  Compact  Adaptive  Arrays 

Another  CRC  development,  of  interest  in  broadband  systems,  is  that  of  a  compact  HF  adaptive 
array  configuration  [Jenkins,  1986]. 
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The  frequency  dispersion  between  channels  introduced  by  the  spatial  extent  of  the  array  is  a 
major  consideration  in  implementing  a  broadband  adaptive  array.  For  instance,  a  linear  array  of  say,  one 
wavelength  aperture,  would,  without  any  means  of  compensation,  be  limited  to  null  depths  as  low  as  13  dB 
in  some  directions,  for  a  bandwidth  of  0.1  times  the  central  frequency.  Thus,  it  is  useful  to  consider 
small-aperture  arrays. 

The  phase  differences  between  elements  are  what  enable  arrays  with  omnidirectional  elements  to 
distinguish  between  signals  from  different  directions.  As  these  become  very  small  in  a  compact  array,  the 
array  elements  are  required  to  be  directional  in  their  response,  and  differently  directed.  An  example  of 
of  a  compact  3-element  system  which  lends  itself  to  broadband  signal  reception  is  that  of  two  crossed  loop 
an«ennas  and  a  whip  antenna.  Such  a  system  has  been  presented  in  the  literature  [Flan  et.  al.,  1986]. 

The  CRC  system  [Jenkins,  1986],  shown  in  Figure  B,  consists  of  a  square  arrangement  of  four  short 
active  receiving  whip  antennas,  separated  by  grounded  reflectors.  This  array,  which  is  2  meters  on  edge, 
is  capable  of  achieving  null  depths  of  34  dB  against  2  MHz  wide  signals.  At  the  same  time,  its  directional 
discrimination  is  such  that  it  has  been  demonstrated  to  achieve  processing  gains  of  20  dB,  at  angular 
separations  (between  wanted  communications  and  jamming)  of  10  degrees,  at  an  operating  frequency  near  5 
MHz.  At  larger  angular  separations,  the  processing  gain  reached  30  dB,  a  limit  which  was  set  in  part  by 
the  limited  digital  accuracy  (8  bits)  of  the  adaptive  antenna  processor  used. 

3.4.3  Frequency-hopped  Signals 

One  class  of  broadband  signals,  with  which  we  are  concerned  at  CRC,  are  frequency-hopped 
signals.  At  the  HF  or  VHF  ranges  of  interest  to  us,  these  signals  might  be  hopped  over  a  band  comparable 
to  the  center  frequency.  In  any  one  hop,  the  bandwidth  is  narrow.  Therefore,  provided  that  array 
adaptation  is  completed  within  a  fraction  of  a  hop,  the  adaptive  array  can  be  implemented  in  narrow  band 
form.  Digital  techniques  studied  at  CRC  include  direct  matrix  inversion  [Jenkins,  1984],  in  which  weights 
derived  from  a  time  sequence  of  samples  are  applied  to  the  same  samples.  This  form  of  adaptation  is 
effectively  instanteous,  apart  from  a  delay  introduced  by  the  processing,  and  can  be  used  with  frequency- 
hopped  signals  to  advantage. 

If  the  hop  rate  is  too  fast  to  adapt  within  a  single  hop,  problems  arise  in  the  use  of  conventional 
adaptive  array  techniques  [Acar  and  Compton,  1985],  and  changes  are  required.  Tomeri  and  Bakhru 
[1987]  discuss  several  approaches  for  an  array  using  the  Minimax  algorithm,  hopping  over  a  band  0.1  times 
the  center  frequency.  Approaches  considered  include  the  use  of  tapped  delay  lines,  dividing  the  hop  band 
into  several  'bins'  for  which  weights  are  adapted  and  stored  -cparatcly,  and  anticipating  or  developing 
weights  one  hop  ahead  of  the  actual  transmissions.  Each  approach  is  found  to  have  merit,  the  most 
appropriate  depending  on  the  specific  application. 

3.4.4  Use  of  Tapped  Delay  Lines 

The  remaining  class  of  more  general  broadband  signals,  for  which  the  instantaneous  bandwidth  is 
wide,  have  not  so  far  been  considered  at  CRC  for  adaptive  array  implementations.  Widrow  et  al.  [1967], 
first  suggested  the  use  of  tapped  delay  lines  behind  the  array  elements  to  compensate  for  the  frequency- 
dispersive  effects  of  finite  array  dimensions.  Rodgers  and  Compton  [1979],  and  Compton  [1988]  have 
simulated  adaptive  arrays  with  tapped-delay  lines  working  with  broadband  signals  in  order  to  determine 
the  appropriate  number  of  taps  and  tap  spacing,  and  the  resultant  improvement  in  performance. 
Significant  benefits  result  from  only  several  taps  per  channel.  More  work  in  this  area  is  indicated. 


4.  Closing  Remarks 

Characterization  of  fading  dispersive  channels  and  development  of  channel  simulations,  which 
simulate  the  propagation  characteristics  of  ionospheric  HF  and  land  mobile  VIIF/UHF  channels,  permitting 
non-gaussian  realistic  radio  noise  and  interference  to  be  added  to  the  signal  are  essential  tools  for 
developing  new/and  for  improving  the  performance  of  modern  military  and  civilian  radio  systems.  It  is 
clear  from  this  overview  that  a  considerable  effort  has  been  and  is  being  expended,  at  the  Communications 
Research  Centre  toward  these  endeavours.  The  group  concerned  with  land  mobile  propagation  research 
have  as  well  recently  gone  indoors,  and  they  are  carrying  out  indoor  propagation/and  EMC  research  in 
support  of  anticipated  development  of  wireless  local-area-network  systems  [Bultitudc,  1987;  1989] 

At  the  CRC  radio  communications  technologies  research  is  being  conducted  in  the  areas  of  rural 
and  remote  communications,  satellite  communication,  particularly  in  support  of  the  MSAT  (mobile 
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satellite)  program;  in  the  (terrestrial)  tactical/land  mobile  communications  area;  and  in  the  area  of  HF 
communications.  In  recent  years  there  has  been  a  renaissance  in  the  need/requirement  for  HF 
communications,  for  both  military  and  civilian  requirements  [Belrose,  1988).  The  increasing  need  to 
pro\ide  more  reliable  HF  communications  has  stimulated  renewed  research  into  a  better  understanding  of 
the  high  latitude  ionosphere  (Canada  is  a  northern  nation),  on  which  HF  communications  depends,  and  on 
the  development  of  adaptive  HF  systems,  particularly  those  that  depend  on  real  time  channel  evaluation 
(RTCE)  and  adaptive  networking  for  improved  performance. 

The  new  interest  in  HF  communications  has  also  stimulated  the  development  of  new  systems,  such 
as  digital  facsimile,  digital  data  transmission,  and  for  connectivity  to  the  public  telephone  system 
[Belrose,  1986).  Interference  is  a  major  problem  at  HF,  whether  intentional  (jamming)  or  unintentional,  and 
this  has  stimulated  research  into  adaptive  HF  antenna  systems.  Some  of  these  research/and  developments 
have  been  briefly  described  in  this  overview. 
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Fig.  1  Test  facility  for  evaluating  operational  performance  of  digital/analogue 
land  mobile  radio  communications  equipments. 


Fig.  3  Typical  signal  output  from  the  fading 
channel  simulator  fot  a  vehicle  travelling  at 
100  km/hr.  and  operating  at  150  MHz  (Fp  = 
13.9  Hz). 
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Fig.  4  Amplitude  probability  distribution  for 
a  direct  and  a  fading  channel  as  simulated  by 
the  land  mobile  channel  simulator,  to  show 
effect  of  varying  the  Rice  parameter.  The 
simulation  is  for  a  vehicle  travelling  at  100 
km/hr.  and  operating  at  a  frequency  of  860 
MHz  (Fd  =  79.52  Hz). 


Fig.  5  Simulation  of  effect  of  shadowing  b  y 
buildings  and  hills.  The  APD  corresponds  to 
a  vehicle  travelling  at  80  km/hr.  and  operating 
on  a  frequency  of  450  MHz  (Fd  =  33.42  llz). 
The  figure  shows  the  effect  on  the  shape  of  the 
APD  as  the  shadowing  parameter  a  is  varied 
from  0  to  6  dB. 
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Fig.  6  APD  of  fade  duration  as  measured 
(wiggly  line)  for  a  vehicle  travelling  at  10  0 
km/hr.  and  operating  on  a  frequency  of  15  0 
MHz  (Fd  =  13.9  Hz). 


tronsmi tte 


Fig.  7  Recording  of  the  HF  channel 
characteristics. 
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Fig.  8  Simu'ation  of  the  HF  channel  using  the 
recorded  characteristics. 
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Fig.  9  Simulator  structure  and  processes  for  an  HF  spread-spectrum  channel 
simulator.  The  simulation  is  performed  in  software  on  a  VAX  11/750  computer. 
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Fig.  13  Base  band  adaptive  antenna  array  implementation. 
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SUMMARY  OF  SESSION  I 
CHARACTERIZATION  OF  THE  CHANNEL 
par 

C.  GOUTELARD,  President  de  Session 


Quatorze  communications  ont  AtA  presentees  lors  de  la  premiAre  session  consacrAe  A  la 
caractArisation  des  canaux. 

Deux  communications  A  caractAre  gAnAral  ont  AtA  faites  par  le  Colonel  F.H.  EVANGELIST  et 
le  Docteur  J.  BELROSE. 

Les  autres  communications  ont  couvert  les  gammes  de  frequences  et  les  types  de  canaux 
les  plus  utilises  actuellement. 

Le  canal  dAcamAtrique  par  voie  ionosphArique  a  fait  I'objet  de  trois  communications.  La 
complexite  de  ce  canal,  dont  les  caractAristiques  varient  consiiArablement  en  fonction 
de  la  longueur  de  la  liaison,  de  l'etat  du  plasma  ionosphArique ,  anisotrope,  et  en  relation 
avec  l'activite  et  la  position  du  soleil,  rend  sa  modeiisation  des  plus  complexes.  Le 
Professeur  M.  DARNELL  a  presente  un  projet  de  systAme  de  mesure  des  caractAristiques  du 
canal  et  le  Docteur  Y.  LE  ROUX  a  propose  un  systAme  de  mesure  opArationnel  dont  les 
rAsultats  sont  utilises  en  vue  d'ameiiorer  le  modAle  de  WATSON.  Le  Docteur  J.E.  OFFMEYER 
enfin,  a  presente  une  modeiisation  sophistiquee  du  canal  utilise  avec  de  grandes  largeurs 
de  bande. 

Ces  communications  ont  montrA  le  souci  de  moddlisations  nouvelles  vers  lesquelles  le  monde 
scientifique  s'oriente  par  1 ' utilisation  de  mesures  plus  precises  et  de  calculateurs 
plus  puissants,  mais  Agalement  les  difficultAs  que  l'on  rencontre  face  A  la  complexite 
du  problAme. 

Les  liaisons  mobiles  sont  une  preoccupation  grandissante  dans  le  monde  des  applications. 
Elies  sont  une  plateforme  de  1'ingAnArie  de  pointe  et  si  de  nombreuses  mesures  ont  dAjA 
Ate  faites,  elles  n'Ataient  malheureusement  pas  toujours  comparables.  Les  six  communications 
prAsentAes,  bien  que  s'appliquant  A  des  gammes  de  frequence  differentes,  ont  mis  en 
evidence  une  tendance  vers  des  types  de  mesures  unifies  qui  permettent  d'effectuer  de 
meilleures  comparaisons.  Deux  communications  ont  ete  consacrAes  A  la  bande  des  900MHz, 
l'une  en  milieu  urbain  presentee  par  le  Professeur  J.  CITERNE,  1' autre  en  milieu  urbain 
et  rural  presentee  par  le  Docteur  R.W.  LORENZ.  Trois  communications  Ataient  orientAes 
vers  les  tests  et  caractArisation  d'une  m§me  liaison  A  des  frequences  differentes.  Le 
Docteur  D.  SORAIS  a  prAsentA  une  etude  sur  une  liaison  A  150-250  et  AOOMHz  en  milieu  rural, 
le  Docteur  ALTMARY  une  etude  A  400  et  900MHz  sur  la  propagation  A  travers  les  for§ts  et 
le  Docteur  E.  GURDENLI  une  etude  comparative  sur  les  propagations  A  160,  900  et  2000MHz. 
Enfin,  le  Docteur  M.  SYLVAIN  a  prAsentA  une  etude  A  11GHz  en  milieu  rural. 

Ces  communications  ont  montrA  la  gLande  diversitA  des  problAmes,  diversitA  due  aux 
frequences  utilisables  mais  aussi  aux  milieux,  ainsi  que  la  complexite  apportAe  par  la 
non  stationaritA  inevitable  du  canal.  D'ardentes  discussions,  liAes  notamment  aux  mAthodes 
employees,  ont  accompagnA  ces  communications. 

Les  liaisons  par  trainees  mAtAoritiques  ont  AtA  abordAes  par  le  Docteur  K.  WATSON  qui  a 
AvoquA  la  possibilitA  d'adaptation  en  bilan  de  liaison  variable  et  une  seule  communication 
consacrAe  au  bruit  des  canaux  a  AtA  prAsentAe  par  le  Docteur  K.S.  KHO.  Enfin,  une  commu¬ 
nication  consacrAe  A  1' etude  de  sequences  de  synchronisation  rAduisant  la  complexitA  des 
systAmes  a  AtA  prAsentAe  par  le  Professeur  C.  GOUTELARD. 
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II  est  singulier  de  constater  qu'aucune  communication  sur  les  canaux  terre-satellites 
ou  satellite-satellite  n'a  6td  prdsentde. 

Les  quatorze  communications  conduisent  S  poser  trois  questions  : 

-  Est-il  possible  et  souhaitable  de  normaliser  et  de  coordonner  les  mesures  pour 
les  rendre  plus  comparables,  done  en  extraire  davantage  d' informations  ?  Ne  serait-ce 
pas  aussi  une  limitation  &  la  erdativitd  ? 

-  Jusqu'S  quel  point  peut-on  sophistiquer  les  modules  ?  Le  meilleur  module  est  le 
canal  lui-meme.  Ces  perfectionnements ,  possibles  grace  h  l'informatique,  ddpassent 
souvent  la  precision  de  mesure  des  paramdtres  mesurds  sur  le  canal. 

-  Quels  seront  les  paramdtres  nouveaux  qui  devront  etre  pris  en  compte  dans  les  systdmes 
futurs  :  moddlisation  large  bande,  insertion  de  la  polarisation...  ? 

Cette  premidre  session  a  done  raontrd  les  progrds  recents  et  les  dtapes  atteintes. 

Elle  a  dgalement  permis  de  poser  un  certain  nombre  de  questions  dont  les  rdponses,  on 
peut  l'espdrer,  surgiront  dans  de  futurs  symposia. 
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A  GLOBAL  COMMON-USER  SYSTEM  FOR  THE  PROVISION  OF  HF  PROPAGATION  DATA 

M.  Darnell,  J.  Hague  &  A.  Chan 

Hull-Warwick  Communications  Research  Group 
Department  of  Electronic  Engineering 
University  of  Hull 
HULL  HU6  7RX 
UK 


SUMMARY 

The  system  design  described  in  the  paper  comprises  a  world-wide  network  of  HF  (2  -  30 
MHz)  transmitters  and  receivers  designed  to  allow  the  collection  of  field  strength 
and  other  propagation  data.  The  primary  objective  of  the  system  is  to  enable  the 
effectiveness  of  HF  propagation/noise  prediction  methods  to  be  enhanced  by  means  of 
real-time  measurement  data. 

Historically,  control  of  HF  broadcasts  and  communications  has  been  heavily  dependant 
on  off-line  path  predictions:  however,  the  degree  of  precision  associated  with  such 
propagation  analysis  is  somewhat  limited.  Some  use  has  also  been  made  of  passive 
monitoring  of  known  transmitters  to  update  off-line  models,  but  problems  of 
transmitter  identification  and  inappropriate  signal  formats  limit  the  efficiency  of 
this  approach. 

For  these  reasons,  a  system  has  been  designed  comprising  a  number  of  dedicated  HF 
transmitters,  sited  in  different  parts  of  the  world,  and  emitting  signals  with  a 
defined  format,  unique  to  each  site.  Reception  of  the  signals  can  take  place  at 
various  levels  of  sophistication,  depending  upon  the  requirements  and  resources  of 
the  users.  Information  about  transmitter  identification,  signal  strengtn,  phase 
stability,  fading,  multipath  structure,  signal-to-noise  ratio,  noise/interference  and 
predicted  error  rates  for  digital  traffic  can  all  be  extracted  from  the 
transmissions. 

The  signals  can  be  received  and  exploited  by  a  range  of  users,  from  those  with  simple 
manual  receivers  with  S-meter  monitoring  to  those  with  sophisticated  automatic 
receivers  interfaced  with  powerful  processors.  Facilities  for  system  evolution  in 
response  to  user  requirements  are  incorporated. 

The  paper  describes  the  detailed  design  philosophy  of  the  system,  the  implementation 
of  a  prototype  system  and  the  results  of  trials  carried  out  with  the  prototype  system 
over  a  medium  range  skywave  path.  Problems  of  system  deployment  and  global  data 
collection  and  analysis  are  also  discussed. 


1 .  INTRODUCTION 

The  system  described  in  this  paper  comprises  a  global  network  of  HF  (2  -  30  MHz) 
transmitters  and  receivers  which  will  enable  users  of  many  types  to  be  able  to 
monitor  and  collect  a  variety  of  real-time  data  on  propagation  and  noise/interference 
conditions  in  the  HF  band  on  a  world-wide  basis.  The  intention  is  that  the  system 
should  be  accessible  by  anyone  with  a  requirement  for  such  data,  whether  they  belong 
to  professional  or  amateur  radio  communication  communities.  Any  individual  user  of 
the  system  will  be  limited  in  the  nature  of  the  information  he  can  extract  only  by 
the  sophistication  of  the  radio  receiving  and  signal  processing  equipment  at  his 
disposal.  However,  the  system  design  enables  users  with  even  the  most  simple 
manually-controlled  receiving  systems  to  have  access  to  basic  real-time  propagation 
data. 

The  major  initial  objective  of  the  system  is  to  provide  information  to  enable  the 
effectiveness  and  accuracy  of  off-line  HF  propagation  and  noise  prediction  methods  to 
be  enhanced;  in  the  first  instance,  emphasis  is  placed  upon  the  improvement  of  HF 
broadcast  planning  and  operational  procedures  -  although,  as  will  be  indicated  later, 
the  system  described  here  can  be  expected  to  have  a  much  wider  application  to  general 
HF  communications. 

At  present,  off-line  prediction  methods,  for  example  (COIR,  1978),  are  applied  to  a 
variety  of  operational  scenarios,  involving  skywave  propagation  over  ranges  from 
vertical-incidence  to  world-wide.  The  database,  although  extensive,  and  the  analysis 
algorithms  do  not  provide  the  required  degree  of  precision  in  the  prediction  process. 
It  seems  improbable  that  this  level  of  precision  can  be  improved  substantially  by 
further  refinement  of  analysis  algorithms  in  the  absence  of  an  additional  body  of 
data  collected  in  an  efficient,  systematic  and  directed  manner,  with  user 
requirements  being  borne  in  mind.  Alternatively,  broadcast  planning  based  more  on 
real-time  monitoring  of  the  propagation  medium  characteristics  is  an  option.  The 
system  described  in  this  paper  can  fulfil  either,  or  both,  of  these  roles. 

In  the  past,  attempts  have  been  made  to  exploit  passive  monitoring  of  "transmissions 
of  opportunity",  such  as  broadcasts,  standard  time  transmissions,  etc.,  in  order  to 
obtain  data  that  can  be  used  to  updata  off-line  analysis  procedures  via  an  indication 
of  real-time  conditions  on  certain  paths.  However,  the  effectiveness  of  such 
procedures  is  limited  because  of: 
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(a)  the  difficulty  of  positive  transmitter  identification  in  many  cases; 

(b)  co-channel  interference  from  other  HF  transmissions; 

(c)  the  difficulty  of  extracting  the  required  propagation  data  from  broadcast 
and  other  transmissions  with  a  variety  of  formats; 

(d)  insufficient  knowledge  of  the  nature  of  the  transmitters  and  transmitting 
antennas,  in  terms  of  effective  radiated  power  and  directional 
characteristics . 

The  following  sections  of  the  paper  outline  the  overall  system  design  concept,  the 
detailed  design  of  a  prototype  single-transmitter/single-receiver  system,  examples,  of 
the  performance  of  the  prototype  system  over  a  medium-range  skywave  path  and  the 
problems  of  data  collection,  analysis  and  dissemination  on  a  global  basis;  finally, 
the  applications  and 'wider  development  of  the  system  are  considered. 


2.  SYSTEM  DESIGN  CONCEPT 

Because  of  the  problems  with  both  off-line  forecasting  and  passive  monitoring 
procedures  outlined  in  the  previous  section,  the  system  design  incorporates  a  number 
of  dedicated  transmitters  sited  in  various  parts  of  the  world.  These  transmitters 
radiate  signals  with  a  defined  format,  unique  to  each  site.  Reception  of  the  signals 
can  take  place  at  various  levels  of  sophistication,  depending  upon  the  requirements 
and  resources  of  the  users,  ie 

(a)  simple  audio  identification  and  monitoring  via  a  CW  code  sequence  unique  to 
each  transmitter; 

(b)  visual  monitoring  of  signal  strength  via  S-meter  readings; 

(c)  automatic  signal  strength  measurements  via  analysis  o’f  digitised  received 
signal  samples  by  an  appropriate  processor; 

(d)  automatic  identification  of  multipath  structure  via  analysis  of  digitised 
signal  samples  by  an  appropriate  processor; 

(e)  automatic  estimation  of  signal-to-noise  ratio  (SNR)  via  analysis  of 
digitised  samples  by  an  appropriate  processor; 

(f)  automatic  characterisation  of  noise/interference  via  analysis  of  digitised 
samples  by  an  appropriate  processor; 

(g)  automatic  estimation  of  predicted  error  rates  for  various  forms  of  digital 
transmission  via  analysis  of  digitised  samples  by  an  appropriate  processor; 

(h)  automatic  characterisation  of  flat-  and  frequency-selective  fading  effects 
via  analysis  of  digitised  signal  samples  by  an  appropriate  processor; 

(i)  automatic  characterisation  of  phase  stability  and  Doppler  effects  via 
analysis  of  digitised  signal  samples  by  an  appropriate  processor. 

In  general,  any  given  user  will  be  able  to  select  a  subset  of  the  above  analysis 
options  appropriate  to  his  operational  and/or  technical  requirements. 

Clearly,  the  system  depends  heavily  upon  digital  signal  processing  procedures  for  all 
but  the  simplest  analysis  functions.  For  this  purpose,  specialised  signal  processing 
architectures  and  devices  have  been  employed;  these  have  the  great  practical 
advantage  of  being  software-variable  and  hence  flexible.  It  has  therefore  been 
possible  to  ensure  that  the  system  design  is  evolutionary,  ie  other  processing 
functions  can  be  incorporated  into  the  software  as  new  user  requirements  arise.  Thus, 
the  list  of  analysis  options  given  above  should  not  be  regarded  as  exhaustive. 

Facilities  have  also  been  incorporated  into  the  prototype  system  for  data  collection 
on  disc;  the  disc  can  then  be  processed  on-site  to  obtain  the  desired  parameters  in 
reduced  form  or,  alternatively,  the  discs  can  physically  be  sent  to  a  central  data 
reduction  site.  One  possible  objective  for  the  system  is  to  provide  comprehensive 
measurement  data  that  can  be  made  generally  available  to  all  interested  parties  via  a 
suitable  co-ordinating  organisation. 

It  is  not  the  purpose  of  this  paper  to  identify  appropriate  locations  for  the  system 
transmitters,  to  suggest  frequency  complements  or  to  specify  antenna  types  in 
anything  other  than  the  broadest  terms. 

The  system  design  also  flexible  enough  to  allow  the  basic  architecture  to  be  used  in 
a  "stand-alone"  mode,  as  a  real-time  channel  evaluation  (RTCE)  sub-system  supporting 
say  a  point-to-point  HF  communication  link.  In  this  case,  the  additional  cost  of  the 
elements  required  would  be  small  compared  with  the  overall  communication  system  cost. 

The  following  section  'will  describe  the  main  features  of  the  system  design  in  greater 
detail. 
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3.  ELEMENTS  OF  THE  PROTOTYPE  SYSTEM  DESIGN 

3.1  Transmission  Uniqueness 

The  basis  of  the  system  design  is 

(i)  that  each  transmitted  component  should  be  uniquely  identifiable,  both 
manually  and  automatically; 

(ii)  that  the  required  path  analysis  data  can  be  extracted  from  each  transmitted 
component. 

This  may  be  achieved  reliably  by  employing  appropriate  combinations  of 
transmission  time  interval 
frequency  of  operation 
signal  format. 

Figure  1  illustrates  this  concept  by  means  of  a  quasi  3-dimensional  representation; 
here,  for  transmission  identification  to  be  unambiguous,  the  signal  "volumes"  in 
signal-time-frequency  space  must  not  intersect. 

3.2  Transmission  Time  Schedule 

In  dimensioning  the  system  design,  a  basic  analysis  time  slot  of  12  seconds  was 
chosen,  representing  the  interval  spent  by  a  receiver  in  analysing  any  transmitted 
component  from  any  transmitter  site.  The  total  number  of  transmitters  required  for  a 
world-wide  network,  and  the  number  of  frequency  components  per  transmitter,  are 
variable  within  the  system  architecture;  the  prototype  system  is  configured  for  any 
number  of  transmitters,  n,  each  radiating  5  frequency  components  in  sequence,  with  a 
dwell  time  of  4  minutes  on  any  one  component. 

For  broadcast  applications,  it  is  desirable  that  each  of  the  n  transmitters  should 
radiate  one  frequency  component  in  each  of  the  five  fixed  service  bands  near  to  5.5, 
8,  11,  15  and  20  MHz  (COIR,  1988).  The  transmissions  in  each  band  should  commence  at 
0,  4,  8,  12  ...  minutes  past  each  hour  sequentially,  thus  yielding  a  cycle  time  of  20 
minutes  for  any  given  transmitter.  When  the  number  of  transmitters,  n,  is  greater 
than  5,  more  than  one  frequency  will  be  required  in  each  of  the  broadcast  bands  if 
mutual  interference  is  to  be  avoided.  In  general,  the  maximum  number  of  separate 
frequencies  necessary  for  each  of  the  n  transmitter  sites,  N,  will  be  given  by 

N  =  n/5  (1) 

if  n  is  exactly  divisible  by  5,  and 

N  =  (|jn/5)J  +1]  (2) 

otherwise  (  |_  J  denotes  "the  integer  part  of"). 

Figure  2  shows  an  example  of  a  possible  schedule  for  a  system  comprising  9 
transmitter  sites,  with  two  frequencies  being  assigned  in  each  of  the  5  bands. 

3.3  Receiver  Time  Schedule 

A  given  receiver  terminal,  in  which  retuning  time  is  small,  can  monitor  5  separate 
transmitted  components  per  minute,  or  take  4  samples  of  each  of  5  transmitted 
components  in  4  minutes.  In  a  20-minute  interval,  a  total  of  25  components  will  be 
radiated  by  a  5-transmitter  system;  these  can  all  be  monitored  4  times  by  one 
receiver.  Clearly,  in  the  9-transmitter  system  of  Figure  2,  there  will  be  a  total  of 
45  transmitted  components  radiated  in  20  minutes;  therefore,  2  receivers  operating  in 
parallel  will  be  required  in  order  to  monitor  all  components  4  times. 

When  n  exceeds  5,  and  a  given  user  has  a  single  receiver  available,  only  a  subset  of 
the  radiated  components  can  be  monitored;  the  nature  of  this  subset  monitoring  will 
be  dictated  by  the  requirements  of  individual  users. 

3.4  Overall  Operational  Sequence 

Figure  3  illustrates  the  overall  sequence  of  operations  diagramatically .  It  is 
apparent  from  the  timing  shown  in  Figure  3  that  in  one  hour,  twelve  12  second  samples 
of  each  of  25  frequency  components  can  be  taken  by  any  given  receiver  -  a  level  of 
sampling  considered  adequate  to  allow  meaningful  statistical  characterisation  of  the 
relevant  path  parameters  -  as  will  be  discussed  in  Section  5  of  this  paper. 

For  demonstration  purposes,  a  prototype  siagle-transmitter/single-receiver  system  has 
been  desiyned,  constructed  and  tested.  The  system  is  compatible  in  all  respects  with 
the  requirements  of  the  operational  scheduling  described  above.  The  major  elements  of 
this  prototype  system  design  will  now  be  discussed  in  some  detail. 
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3.5  Synchronisation  Considerations 

As  indicated  in  Fig.  1 ,  the  transmission  time  schedule  simply  provides  a  unique  time 
slot  in  which  a  receiver  can  attempt  to  detect  the  presence  of  any  transmitted 
component  from  any  transmitter  site.  Although  a  specific  timing  schedule  was  chosen 
for  the  prototype  system,  it  can  be  varied  under  software  control  to  meet  different 
or  evolving  user  requirements. 

The  basic  12  second  time  slot  v/as  selected  to  be  compatible  with  a  readily  achievable 
degree  of  time  synchronisation  between  transmitting  and  receiving  terminals  of 
different  types.  To  cater  for  the  worst-case  of  a  simple  manually-controlled 
receiving  installation,  a  required  timing  accuracy  between  transmitter  and  receiver 
to  within  1  second  or  better  is  assumed.  This  allows  the  use  of  timing  control  based 
upon  a  simple  quartz  oscillator  or  timing  derived  from  a  standard  transmission  such 
as  MSF  (Rugby)  or  WWV.  For  a  processor-based  receiving  terminal,  timing  would 
typically  be  obtained  via  the  use  of  a  real-time  clock  module  within  the  processor 
architecture. 

3.6  Transmitter  Terminal  Architecture 

Figure  4  shows  a  schematic  diagram  of  a  transmitter  terminal  for  use  within  the 
system.  The  signal  generation  process  is  software-based,  with  the  signal  format  being 
adaptable  in  response  to  user  requirements;  similarly,  transmission  sequencing  is 
also  software  controlled  and  modifiable.  The  control  interface  unit  would  not  be  used 
in  normal  operation;  it  is  provided  specifically  for  the  purposes  of  system 
initialisation  after  switch-on  and  to  allow  any  desired  modifications  to  be  made  to 
the  signal  format  and/or  timing  sequence  as  user  requirements  evolve. 

The  SSB  transmitter  should  have  a  rating  of  between  5  and  10  kW.  Transmitting 
antennas  should  have  an  omnidirectional  azimuthal  radiation  pattern  and  a  broad 
elevation  pattern.  To  avoid  the  process  of  frequent  high  RF  power  switching,  a  single 
wideband  monopole  or  conical  structure  would  appear  to  be  appropriate. 

3.7  Receiver  Terminal  Architecture 

The  architecture  of  a  fully  automatic  and  flexible  receiving  terminal,  as  implemented 
for  the  prototype  system,  is  shown  in  Figure  5.  It  should  be  noted  that  this  design 
is  representative  of  the  more  sophisticated  user  terminals  to  be  expected  within  the 
network.  For  the  purposes  of  demonstration,  an  amateur  grade  receiver  was  interfaced 
to  a  cheap  processor  system,  a  frequency-agile  frequency-shift  keying  (FSK) 
demodulator  (based  upon  switched-capacitor  filters),  a  real-time  clock  module  and  a 
special-purpose  signal  processing  system.  All  elements,  with  the  exception  of  the 
receiver  itself  and  the  control  interface  unit,  are  housed  in  a  standard  STS  bus 
system  rack. 

Again,  the  control  interface  unit  is  provided  for  the  purposes  of  system 
initialisation  after  switch-on  and  to  allow  modifications  to  the  control  and/or 
signal  processing  procedures  if  user  requirements  change.  It  is  also  instrumental  in 
the  data  collection  and  logging  functions  described  in  Section  5. 

The  receiving  antenna  used  should  be  a  short,  vertical,  active  type,  capable  of  being 
precisely  calibrated  for  field  strength  measurements.  Any  receiver  used  in  an 
automatic  terminal  should  have  a  specification  at  least  equivalent  to  that  of  the 
receiver  employed  for  the  prototype  system,  both  in  terms  of  its  RF  performance  and 
control  facilities.  Simpler  forms  of  receiver  can  however  be  used  in  manually- 
controlled  terminals. 


4.  SIGNAL  DESIGN  &  PROCESSING 

Figure  6  shows  the  overall  format  of  the  signal  transmitted  on  the  assigned 
frequencies  in  each  12  second  slot.  The  emission  should  be  of  class  FIB  with  a 
frequency  shift  of  850  Hz  where  appropriate.  All  elements  of  the  signal  have  specific 
purposes  -  as  will  be  discussed  below. 

4.1  FSK  Preamble 

The  binary  FSK  preamble,  keyed  at  100  bits/s  and  commencing  on  the  lower  of  the  two 
FSK  tone  frequencies,  is  of  1  second  duration  and  is  intended  to  allow  initialisation 
of  receiver  AGC  (if  required).  This  preamble  also  provides  a  degree  of  "slack"  in  the 
system  so  that  any  synchronisation  differences  between  transmitters  and  receivers  are 
not  detrimental  to  the  system  performance. 

The  preamble  if  then  followed  by  a  pause  of  duration  50  ms. 

4.2  CW  Identification  Sequence 

Within  a  period  of  3.3  seconds,  a  transmitter  identification  sequence  is  transmitted 
using  the  higher  of  the  two  FSK  tone  frequencies.  The  identification  signal  used 
could  be  in  morse  code  format,  with  specified  "dot"  and  "dash"  intervals; 
alternatively,  it  could  employ  any  other  format  convenient  for  the  system  users,  eg 
one  based  on  the  international  locator  code  as  used  by  radio  amateurs.  It  is 
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essential  that  the  sequence  code  keying  rate  should  be  compatible  with  audio 
identification  by  simple  manually-operated  receiving  terminals. 

This  CW  sequence  is  then  followed  by  a  pause  of  50  ms. 

4.3  Complementary  Sequences 

To  provide  a  means  of  identifying  the  multipath  structure  efficiently,  two  256-bit 
binary  complementary  sequences  are  then  transmitted  in  succession  at  a  rate  of  1.2 
kbits/s,  with  an  interval  of  50  ms  after  each  sequence  to  allow  for  the  presence  of 
any  multipath  returns.  The  upper  of  the  two  FSK  tones  is  used  for  this  purpose.  The 
keying  rate  of  the  sequences  is  dictated  by  the  need  for  transmitted  signal  energy  to 
be  confined  effectively  within  a  nominal  3  kHz  bandwidth. 

In  the  prototype  system,  the  formats  of  the  complementary  sequences  are  as  follows: 
Sequence  1 

1110010000101000000101001101100000011011001010001110101111011000 

0001101111010111000101001101100011100100110101111110101111011000 

0001101111010111111010110010011100011011001010001110101111011000 

1110010000101000111010110010011111100100110101111110101111011000 


Sequence  2 

0001101111010111111010110010011111100100110101110001010000100111 

0001101111010111000101001101100011100100110101111110101111011000 

1110010000101000000101001101100011100100110101110001010000100111 

1110010000101000111010110010011111100100110101111110101111011000 


The  important  property  of  complementary  sequences  which  makes  them  an  appropriate 
test  signal  for  evaluating  the  channel  impulse  response,  and  hence  its  multipath 
profile,  is  the  form  of  their  individual  and  summed  autocorrelation  functions 
(acf's).  Typical  formats  for  these  are  illustrated  in  Figure  7;  it  is  seen  that  if 
the  two  component  acf's  can  be  processed  in  synchronism  and  summed,  then  their  side- 
lobes  cancel  out  and  only  an  impulsive  central  peak  is  left  in  the  summed  acf.  In 
this  case,  the  acf  of  the  complementary  sequence  test  signal  x(t),  which  is  now 
denoted  by  $  iz) ,  is  given  by 

XX 

^  m  oc  S(t-)  o) 


XX 


where  Z  is  a  delay  variable  and  S(Z)  is  a  unit  inpulse  function  centred  on 
It  can  be  simply  shown  (bee,  1960)  that  the  input-output  crosscorrelation 
(ccf)  for  any  linear  time-invariant  system,  $  (t) ,  is  given  by 


Z  =  0. 

function 


(t) 

xy 


T/2 

/* 

1/T  J  x  ( t )  y  ( t  +  X  )  dt 

-T/2 


xy 


(4) 


where  y(t)  is  the  system  output  and  T  is  the  effective  duration  of  the  syste~ 
x(t);  equation  (4)  can  also  be  expressed  in  the  form  of  a  convolution 
co 
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-00 


input 


where  u  is  a  dummy  time  variable  and  h(t)  is  the  system  unit  impulse  response 
function.  Clearly,  if  the  input  acf  is  impulsive,  then  the  input-output  ccf  will  be 
proportional  to  the  system  unit  impulse  response  function,  ie 

0  (Z)  °c  h(t)  (6) 
xy 

Figure  8  illustrates  the  principle  of  this  method  of  response  identification  where 
the  cross-correlator  can  be  realised  as  a  matched  filter.  Here,  the  system  to  be 
identified  is  the  HF  channel  and  the  resulting  impulse  response  indicates  the 
multipath  profile. 


4.4  FSK  Reversals 


Following  the  50  ms  pause  after  the  second  complementary  sequence,  a  series  of  FSK 
reversals  comprising  400  bits  at  100  bits/s  is  transmitted,  with  the  first  bit  of  the 
series  commencing  on  the  lowest  of  the  two  FSK  tones.  These  section  of  the 
transmission  allows  the  following  information  to  be  extracted  at  the  receiver: 

(a)  the  characterisation  of  the  short-term  fading,  ie  flat  or  frequency- 
selective,  if  a  Law-assessor  FSK  demodulator  is  used  (Alnatt,  Jones  5  Law, 
1957); 

(b)  estimation  of  SNR  in  each  FSK  sub-channel,  as  illustrated  in  Figure  6,  by 
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comparing  levels  in  "mark"  and  "space"  intervals; 

(c)  characterisation  of  noise/interference  by,  for  example,  carrying 
out  FFT  analysis  i:i  the  "space"  intervals  in  each  of  the  two  FSK  sub¬ 
channels. 

For  (b),  the  composite  level  in  each  "mark"  interval  is  the  sum  of  signal  power  S  and 
noise/interference  power  N  whereas,  in  the  "space"  interval,  only  noise/interference 
power  N  is  present.  Taking  the  ratio  of  "mark"  level  to  "space"  level  gives 

(S  +  N)/N  =  1  +  S/N  (7) 

hence  the  SNR  S/N.  Averaging  over  the  entire  4-second  (400  bit)  interval  will  enable 
a  more  reliable  value  of  SNR  to  be  obtained.  Once  an  SNR  estimate  is  available,  the 
bit  error  rate  (BSR)  for  various  forms  of  digital  traffic  can  also  be  estimated  using 
the  relevant  relationship  between  BER  and  SNR. 

Immediately  following  the  FSK  reversals,  a  CN  signal  on  the  higher  of  the  two  FSK 
tones  is  transmitted  for  a  duration  of  at  least  3  seconds  in  order  to  bring  the  total 
transmission  time  to  12  seconds,  at  which  time  a  frequency  change  occurs. 

4.5  Other  Measurement  Possibilities 

If  phase  coherence  is  maintained  over  the  complete  12  second  duration  of  the  siynal 
for  both  "mark"  and  "space"  tones,  the  nature  of  the  received  zero-crossings  can  be 
analysed  to  yield  data  on  the  phase  stability  and  Doppler  characteristics  of  the 
propagation  medium.  The  preamble,  identification  code  and  FSK  reversals  can  all 
contribute  to  this  assessment,  giving  a  total  maximum  analysis  duration  of  about  9 
seconds  for  this  purpose. 

Usiny  a  processor-based  receiving  terminal,  all  parameters  analysed  can  be  output  in 
terms  of  raw  data,  spot  values,  median  values,  etc. 


5.  DATA  COLLECTION,  ANALYSIS  3  DISSEMINATION 
5.1  Collection 

In  the  first  instance,  the  most  important  data  collected  by  the  system  will  be 
associated  with  field  strengths,  ie  from  the  4s  element  of  the  test  signal  discussed 
in  Section  4.4.  It  is  proposed  that  a  standardised  active  receiving  antenna  be  used 
by  all  receiving  stations  so  that  measured  signal  voltages  can  be  converted  to  field 
strength  values.  Local  calibration  and  checking  of  the  receiving  terminal  will  be 
achieved  via  the  injection  of  a  calibration  signal  at  appropriate  intervals.  As 
indicated  previously,  the  test  signal  format  also  allows  the  extraction  of  other 
propagation  data  should  users  require  this. 

Data  will  be  stored  on  double-sided/double-density  5.25  inch  diskettes  with  360 
kbytes  capacity.  A  single  disk  will  be  sufficient  to  store  all  data  relating  to  one 
week's  monitoring  as  detailed  below.  For  signal  strengths,  actual  individual  4s 
signal  and  noise/interference  level  values  will  be  recorded  on  disk.  This  will 
require  considerably  wore  off-line  processing  at  a  central  analysis  site  than  if  some 
data  reduction  were  to  be  carried  out  at  the  receiving  location;  however,  it  will 
simplify  any  changes  in  analysis  procedures  which  may  be  introduced  in  the  future. 
The  following  information  will  be  stored  on  each  disk: 


(a)  Descriptive  file; 

(b)  Calibration  file; 

(c)  Measurements  file 
noise/ interference. 

5.2  Analysis  3  Dissemination 


(168  hourly  values 


of 


siynal  and 


For  every  circuit  monitored,  ie  transnutter/receiver/frequency  combination,  the 
receiving  terminal  must  take  sufficient  samples  of  both  wanted  signal  and  noise  to 
allow  meaningful  statistical  parameters  to  be  derived  for  both,  beariny  in  mind  the 
likely  time  variability  of  the  received  signals;  typically,  hourly  median  values  will 
be  required.  For  this  purpose,  it  has  been  estimated  that  the  12  4-second  samples 
par  hour  taken  by  the  system  described  in  this  paper  will  be  adequate. 

Monthly  median  values,  toyether  with  upper  and  lower  decile  values,  of  signal 
amplitude  can  be  derived  from  the  hourly  median  values  taken  for  corresponding  hourly 
internals  on  different  days.  The  noise  samples  can  be  analysed  using  the  methods 
already  specified  in  CCIR  Report  253  (1978). 

It  is  intended  that  data  received  in  sample  form  from  the  various  sites  should  be 
normalised  by  making  use  of  the  antenna  and  receiver  calibration  information  from 
each  site.  It  is  intended  that  the  reduced  statistical  data  will  first  be  validated 
by  an  appropriate  international  group  of  experts  and  then  be  incorporated  into  a 
world  data  bank;  the  data  held  in  this  bank  will  be  continuously  refined  and  updated, 
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being  available  on  request  to  appropriate  users  of  the  HF  band. 

Any  individual  user,  or  group  of  users,  can  of  course  carry  out  their  own  processing 
and  data  reduction.  As  indicated  previously  in  Section  4,  propagation  parameters 
other  than  signal  strengths  can  also  be  derived  from  the  received  signals  if 
required. 


6.  TYPICAL  RESULTS  FROM  THE  PROTOTYPE  SYSTEM 

In  May  1988,  the  prototype  system  was  demonstrated  over  a  skywave  path  between  the  UK 
and  Geneva.  Only  two  frequencies  were  available  for  these  tests,  ie  9.915  MHz  and 
12.040  MHz.  Records  of  signal  stength  were  accumulated  over  two  days  and 
representative  examples  of  the  output  in  graphical  form  are  given  as  Figures  10  (aT  - 
(d);  the  vertical  scale  in  these  records  is  uncalibrated. 

Following  these  tests,  some  of  the  recorded  data  was  processed  off-line  to  validate 
the  procedures  for  estimating  the  multipath  structure  using  the  complementary 
sequence  section  of  the  test  transmission,  described  in  Section  4.3,  in  conjunction 
with  correlation  processing.  Figures  11  (a)  and  (b)  are  two  examples  of  diagramatic 
output  of  multipath  profiles,  showing  the  level  of  delay  definition  to  be  expected 
for  a  3  kHz  bandwidth  measurement.  Such  an  output  can  be  computed  for  each  12s  test 
transmission. 

The  computational  procedures  for  calculating  SNR's  and  for  automatically  identifying 
test  transmission,  identification  codes  have  also  been  developed. 


7.  CONCLUDING  REMARKS 

This  paper  has  described  the  principles  of  operation  of  a  global  common-user  system 
designed  to  enhance  the  quality  and  reliability  of  HF  skywave  propagation  models. 
Examples  of  system  performance  are  presented.  The  system  can  be  accessed  by  a  wide 
range  of  potential  users,  from  those  with  simple  manually-controlled  receivers  with 
audio  and  S-meter  monitoring,  to  those  with  fully  automatic  receivers  interfaced  with 
powerful  data  processors.  In  its  more  sophisticated  form,  the  system  employs  special- 
purpose,  programmable,  signal  processing  devices  for  signal  analysis,  ie  TMS  320-C25; 
it  is  therefore  compatible  with  evolutionary  changes  in  user  analysis  requirements. 

The  system  design  is  such  that  it  can  also  be  used  as  a  dedicated  real-time  channel 
evaluation  system  to  support  specific  communications  links.  If  necessary,  the  signal 
format  can  be  modified  to  meet  particular  requirements  for  data  output  or 
transmission  timing. 
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DISCUSSION 


T.  CROFT 

The  Entire  World  is  a  very  large  place.  How  many  transmitters  will  be  needed 
to  provide  "world-wide  coverage". 

AUTHOR’S  REPLY 

About  9-10  are  envisaged.  It  is  appreciated  that  this  is  a  somewhat  coarse 
sampling  of  the  environment,  but  this  number  is  considered  to  be  the 
maximum  that  can  be  economically  supported. 

C.  GOUTELARD 

Je  ne  suis  pas  convaincu  par  le  choix  de  vos  signaux  :  vous  utilisez  4 
signaux,  2  A  large  bande,  2  A  bande  dtroite.  Je  vois  2  inconvdnients  : 

-  Vous  multipliez  le  nombre  de  signaux,  ce  qui  complique  le  rdcepteur  et 
l'dmetteur. 

-  Vous  avez  un  systAme  sdquentiel  qui  fait  un  dchantillonnage  assez  pauvre 
pour  chaque  mesure. 

L1 utilisation  de  2  signaux  orthogonaux,  l'un  large  bande,  1' autre  A  bande 
dtroite,  permettrait  de  faire  les  memes  mesures  de  faqon  continue  sans  qu'il 
y  ait,  me  semble-t-il,  une  complexity  plus  grande  du  rdcepteur. 

AUTHOR'S  REPLY 

Thank  you  for  those  comments.  In  response,  may  I  make  the  following  points  : 

1  -  That  the  receiving  system  is  software  -  based  and  implemented  using 

TMS320C25  technology  :  therefore,  the  nature  of  the  processing  used  can 
be  simply  changed  depending  on  which  section  of  the  transmission  is  being 
received  at  any  time. 

2  -  That  certain  specifications  for  the  transmitted  signal  were  provided  by 

the  potential  users  of  the  system  :  these  included  access  by  the  most 
simple  manually  operated  receiving  terminals. 

In  fact,  only  2  basic  demodulators  are  required  -  one  for  the  FSK  sections 
of  the  transmission  -  one  for  the  complementary  sequence  section. 

In  terms  of  frequency  of  environmental  sampling  by  the  system,  12  samples 
of  each  component  per  hour  were  specified  by  the  potential  users  as  being 
sufficient  for  their  characterisation  purposes. 
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ANALYSE  EXPERIHENTALE  OE  LIAISONS  HF 


Y.M.  LE  ROUX,  R.  FLEURY,  J.  MENARD,  J.P.  JOUVET 
CENTRE  NATIONAL  D' ETUDES  OES  TELECOMMUNICATIONS 
Route  de  T re  gas tel 
22300  LANNION 
FRANCE 


L' amelioration  de  la  qualite  et  de  la  fiabilite  des  transmissions  dans  la  gamme  decametrique 
passe  par  une  meilleure  connaissance  des  mecanismes  de  la  propagation  ionospherique.  Selon  cet  objectif, 
un  outil  de  caracterisation  experimental e  du  canal  HF  sur  des  liaisons  test  a  ete  elabore  au  CNET.  Ce 
systeme  est  actuellement  operationnel  sur  une  liaison  d'environ  650  km,  situee  aux  moyennes  latitudes.  II 
permet  de  mesurer  simultanement,  d'une  part  la  reponse  impulsionnel le  du  canal,  dans  une  bande  utile  de 
10  KHz,  avec  une  periode  de  reactual isation  de  10  ms,  et  d'autre  part,  les  parametres  principaux  de  la 
propagation  dans  une  bande  de  50  KHz  :  temps  de  groupe,  attenuations  et  phases  instantanees  relatifs  a 
chaque  mode  ou  trajet  propage.  Des  analyses  des  caracteristiques  de  bruits  et  brouillages  sont  egalement 
possibles.  Le  systeme,  ainsi  que  ses  principaux  modes  de  fonctionnement  sont  decrits  dans  le  present 
article.  II s  sont  illustres  par  des  resultats  experimentaux.  Une  des  conclusions  importantes  est  que,  de 
par  ses  performances,  l'analyseur  de  liaisons  met  en  evidence  1 'insuffisance  des  modeles  de  canal  actuel¬ 
lement  existants  {type  Watterson),  a  expliquer  dans  sa  totalite  le  comportement  de  la  propagation  ionos¬ 
pherique.  Un  modele  general  de  canal,  base  sur  une  representation  de  systeme  lineaire  variant  dans  le 
temps,  est  par  ailleurs  en  cours  de  validation. 


I.  INTRODUCTION 


L'ionosphere  permet  d'etablir  des  liaisons  de  comuunication  transhorizons  dans  la  gamne  des  hautes 
frequences  2-3U  MHz.  File  constitue  ainsi  un  support  naturel  de  transmission,  ne  necessitant  pas  de 
relais  radio.  Cependant,  l'ionosphere  est  un  milieu  dispersif  en  temps  et  en  frequence.  Les  signaux  qui  y 
transitent  sont  done  soumis  a  des. mecanismes  de  fluctuations  rapides  de  leur  phase  et  de  leur  amplitude. 
Ceci  a  pour  consequence  de  limiter,  parfois  severement,  la  fiabilite  et  la  qualite  des  communications, 
via  le  canal  ionospherique.  Divers  types  de  bruits  et  de  brouillage  encombrent  tout  le  spectre  HF  de 
fagon  plus  ou  moins  importante  selon  les  zones  geographiques.  Ils  sont  une  source  supplemental  re  de 
degradation  de  ces  communications. 

Ainsi,  pour  pouvoir  assurer  dans  les  meilleures  conditions  possibles,  des  de. !ts  de  plusieurs 
kb/s,  il  est  indispensableque  la  conception  des  appareils  de  transmission  soit  effect  .^e  dans  le  sens  de 
leur  adaptation  aux  realites  de  comportement  du  canal.  Pour  y  parvenir  et  acquerir  une  meilleure  connais- 
sance  des  caracteristiques  de  la  propagation  dans  la  gamme  decametrique,  des  cainpagnes  d'experimentation 
doivent  etre  menees.  Un  bon  moyen  de  synthetiser  cette  connaissance  physique  et  experimental  du  milieu 
est  alors  de  la  traduire  sous  forme  de  modele.  L'interet  de  disposer  d'une  modelisation  realiste  du  canal 
est  en  effet  double  : 

-  contribuer  a  la  definition  de  techniques  de  modulation-demodulation 

-  permettre  de  simuler  en  laboratoire  le  canal,  afin  de  tester  les  equipements  de  transmission. 

De  nombreux  modeles  du  canal  HF  ont  ainsi  ete  etablis  jusqu'a  present.  Parmi  ceux-ci,  le  modele 
de  Hatterson  (1970),  faisant  1 'objet  d'une  recommandation  du  CCIR  (R. 54y-l ,  1974,  197a),  est  certainement 
celui  dont  1 ‘utilisation  est  la  plus  repandue.  II  s'agit  d'un  modele  decrivant  le  canal  de  fagon  purement 
statistique  et  dont  le  principe  est  desormais  Dien  connu  :  lignes  a  retard  et  gains  complexes  qui  ont 
pour  effet  de  moduler  en  phase  et  en  amplitude  le  signal  entrant,  afin  de  le  soumettre  a  des 
evanouissements  de  type  Rayleigh.  II  faut  cependant  insister  sur  le  fait  que  la  validite  de  ce  modele  est 
assujettie  a  plusieurs  hypotheses  et  notamment  : 

-  la  stationnarite  statistique  au  second  ordre  du  comportement  du  canal 

-  1 'independence  statistique  des  caracteristiques  de  propagation  relatives  a  chaque  mode  ou 

trajet. 

Lorsque  ces  hypotheses  sont  verifiees,  Je  modele  est  certainement  representatif  du  canal,  du 
moins  dans  une  bande  etroite,  et  son  grand  interet  reside  alors  dans  sa  simplicity  de  mise  en  oeuvre.  II 
apparait  malheureusement,  que  de  nombreux  cas  d'experimentation  viennent  invalider  les  hypotheses  de  base 
du  modele.  En  outre,  des  caracteristiques  de  propagation  telles  que  les  effets  de  diffusion  et  de 
dispersivite  en  frequence  ne  sont  pas  prises  en  compte  par  ce  modele.  Sa  bande  frequentielle  de  validite 
s  en  trouve  done  limitee. 

,  Pour  eviter  les  restrictions  qui  viennent  d'etre  citees,  il  convient  d'envisager  une  modelisation 
plus  generale  du  canal  de  transmission  ionospherique.  Il  faut  toutefois  noter  qu'un  souci  majeur  doit 
etre  de  s'assurer_  qu'un  tel  modele  reste  pratiquement  util i sable .  Dans  cette  optique,  apres  avoir 
brievement  rappele  les  caracteristiques  principales  de  la  propagation,  nous  proposons  un  modele 
susceptible  de  les  prendre  en  compte.  Sa  validation  experimentale  est  en  cours,  a  1 'aide  d'un  systeme 
d  analyse  de  liaisons  HF  dont  le  principe  sera  decrit  et  les  performances  illustrees  par  quelques 
resultats  de  mesure. 
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II.  MODELISATIGN  DU  CANAL  IONOSPHERIQUE 


Les  caracteristiques  de  la  propagation  ionospherique  qui  ont  une  influence  preponderante  sur  la 
qualite  et  la  fiabilite  des  transmissions  dans  la  gamme  decametrique  sont  rappelees  au  tableau  1.  Des 
valeurs  numeriques  ont  ete  affectees  a  la  plupart  des  parametres.  Elies  correspondent  a  des  ordres  de 
grandeur  convenant  a  des  liaisons  aux  moyennes  latitudes.  Lors  de  conditions  "extremes"  de  propagation  et 
notanment  dans  les  zones  geographiques  aurorales  et  equatoriales,  ces  valeurs  peuvent  etre  largement 
depassees  (WAGNER  et  al 1987). 

Les  caracteristiques  de  propagation  qui  viennent  d'etre  mentionnees  induisent  des  evanouis- 
sements  et  des  distorsions  de  toutes  natures  aux  signaux  qui  transitent  par  le  canal  ionospherique.  II 
faut  egalement  remarquer  que  le  comportement  de  ce  canal  est  extremement  variable  en  temps  et  en  espace. 
II  est  done  difficilement  previsible.  La  degradation  des  transmissions  est  d'autre  part  accentuee  par  la 
presence  de  bruits  et  de  brouilleurs  que  1 'on  rencontre  dans  tout  le  spectre  HF. 

Malgre  la  complexity  de  l'influence  du  canal  sur  les  signaux  qui  y  transitent,  deux  proprietes 
interessantes  permettent  de  simplifier  sa  model isation  : 

-  Le  canal  ionospherique  peut,  en  bonne  approximation,  etre  assimile  a  un  systeme  lineaire  (au 
moins  aux  puissances  d'emission  couranment  utilisees  pour  1'etablissement  de  liaisons  de  communication). 

-  Bien  que  pouvant  souvent  paraitre  quelque  peu  erratique,  1 'evolution  dans  le  temps  des 
parametres  de  la  propagation  comporte  parfois  un  caractere  quasi-deterministe.  C'est  par  exemple  le  cas 
des  phenomenes  ondulatoires  se  propageant  dans  le  milieu  ionospherique  et  influengant  son  comportement 
(ondes  ae  gravite  par  ex.). 


PARAMETRE  DE  PROPAGATION 

NOTATION 

ORDRE  DE  GRANDEUR 

Variable  liee  a  1 'evolution  temporelle  des 
caracteristiques  du  canal 

t 

t  s  fd 

Nombre  de  trajets  principaux 

Chaque  trajet  principal  peut  etre  la  resul- 
tante  d'un  nombre  important  de  sous-trajets 
par  effet  de  diffusion  par  exemple 

n 

8 

Variable  liee  a  la  memoire  du  canal. 
Represente  les  retards  de  groupe 

t 

0  a  8  ms 

Etalement  du  retard  de  groupe 

At 

0  a  quelques  centaines  de  /is 

Decalage  frequence  Doppler  moyen 

D 

2.5  Hz 

Etalement  frequence  Doppler 

Afd 

2  Hz,  a  -3  d8  sur  le  spectre  d'etalement 

Amplitude  relative 

B 

dynamique  significative  retenue  =  40  db 

Phase  relative 

<p 

Dispersion  en  frequence  du  canal 

200  jjs/HHz 

Anisotropie  du  milieu  -  Polarisation 
Existence  de  deux  modes  magnetoToniques 
notes  "o"  et  "x“  et  polarises  inversement. 

- 

Pris  en  compte  par  les  autres  parametres  de 
phase  et  d'amplitude. 

Tableau  1 


Compte  tenu  de  ce  qui  vient  d'etre  dit,  il  peut  etre  fait  appel  a  la  theorie  des  systeines  variant 
aans  le  temps  pour  representer  le  comportement  du  canal  ionospherique.  Parmi  les  differentes  fonctions 
permettant  de  decrire  un  tel  systeme  (KAILATH,  1961),  nous  retiendrons  ici  h(t,t)  defini  comme  suit  : 

h  (t,t)  =  reponse  mesuree  a  1 'instant  t  +  t  a  une  impulsion  de  type  Dirac  emise  a  1 'instant  t. 

Par  convention,  nous  considerons  h(r,t)  comme  etant  la  reponse  impulsionnelle  du  canal.  La  raison  du 
choix  de  cette  fonction  est,  d'une  part  son  accessibility  relativement  aisee  a  la  mesure,  conme  nous  le 
verrons  par  la  suite,  et  d'autre  part,  sa  bonne  adaptation  a  des  fins  de  simulation  du  canal. 
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Un  modele  mathematique  du  canal  ionospherique  peut  alors  etre  etabli  en  formulant  une  expression 
analytique  qui  prenne  en  compte  les  caracteristiques  de  propagation  enoncees  plus  haut  (cf  tableau  1). 
Cette  formulation  doit  de  toute  evidence  s'appuyer  sur  la  connaissance  physique  et  experimental e  du 
milieu-  Nous  n'en  fournissons  ici  qu'une  expression  generale  (LE  ROUX  et  al.  1987)  : 


h(r,t)  =  Z 


n 

i  =  1 


f,-  (  f., 


At. 


Af 


d  ; 


A,-  ,  <Pi  ,  V,  ) 


(1) 


ou  toutes  les  grandeurs  qui  figurent  sent  definies  au  tableau  1.  De  plus,  nous  exprimons  la  variabilite 
du  canal  dans  le  temps  sous  la  forme  de  deux  composantes  :  l'une  a  caractere  deterministe,  1'autre  a 
caractere  statistique.  Chaque  parametre  pj  du  modele  est  done  de  la  forme  : 


Pi  (t)  =  dPj  (t)  +  ap,.  (t) 


(2) 


La  raison  de  1 'introduction  d'une  composante  deterministe  dp^tt)  a  deja  ete  indiquee  :  elle 
resulte  de  l'analyse  de  mesures  experimentales  pouvant  par  ailleurs  etre  interpretees  physiquement.  Une 
idee  sous-jacente  au  formalisme  (2)  est  egalement  d'imputer  la  majeure  partie  des  causes  de  non  station- 
narite  statistique  du  canal  a  la  presence  de  composantes  detemrinistes.  La  composante  aleatoire  ap^t) 
est  alors  susceptible  de  pouvoir  etre  consideree  comme  stationnaire  au  deuxieme  ordre  et  se  trouver 
ainsi  sous  une  des  hypotheses  de  validite  du  modele  de  Watterson.  On  peut  en  outre  noter  que  le  modele 
de  Watterson  est  un  cas  particulier  du  modele  exprime  par  (1)  et  (2).  II  en  constitue  en  fait  la  partie 
purement  statistique,  en  y  otant  toutefois  un  certain  nombre  de  parametres  et  en  y  supposant  une  inde¬ 
pendence  de  comportement  entre  trajets. 


La  mise  en  oeuvre  pratique  du  modele  (1)  peut  s'effectuer  en  exploitant  la  relation  d'entree 
sortie  suivante  : 

s(t)  =  J  h(r,t-r) -e(t-r)  dr 


II  convient  enfin  de  remarquer  qu'il  n'y  a  pas  de  relation  directe  par  transformation  de 
Fourier  entre  h(  x  ,t)  et  la  fonction  de  transfert  du  canal  F  (v,t)  ;  cette  derniere  etant  definie  de 
fagon  naturelle  par  : 


F(u,t) 


Reponse  du  systeme  a  e2Ttj  ut 

e2 1  j « t 


III.  L'ANALYSEUR  DE  LIAISONS 


1.  £Hn£i£e_g£n£r£l_d£s_mesuir£s  : 

Un  moyen  de  disposer  d'une  representation  rialiste  du  canal  ionospherique  est  de  proceder  a  la 
mesure  de  sa  reponse  impulsionnelle.  Cependant,  les  sequences  de  reponses  impulsionnelles  contiennent 
une  grande  quantite  d' informations  qu'il  est  parfois  difficile  d'inteipreter  directement.  II  est  done 
souhaitable  de  pouvoir  mesurer  simultanement  quelques  parametres  essentiels  de  la  propagation.  II  s'agit 
par  exemple  de  (cf  tableau  1)  :  n,  t  ,  A  et  fd  (ou  mieux,  la  phase  instantanee  des  signaux  regus). 

Les  techniques  de  mesure  de  la  reponse  impulsionnelle  et  des  parametres  principaux  de  la  propa¬ 
gation  doiyent  etre  adaptees,  d'une  part  a  la  dispersion  temporelle  du  canal,  et  d'autre  part  a  sa 
variabilite  en  temps.  Ainsi  une  methode  de  reception  par  intercorrelation  du  signal  re^u  avec  une  copie 
du  signal  emis  ne  peut  en  toute  rigueur  convenir.  Elle  pourra  cependant  etre  consideree  comme  satis- 
faisante  lorsque  le  rythme  de  variation  du  canal  est  suffisamment  faible  devant  la  duree  de  correlation. 
C'est  1 'hypotheses  qui  a  ete  faite  pour  des  liaisons  situees  aux  moyennes  latitudes.  Une  technique  de 
mesure  adaptee  a  une  grande  variabilite  du  canal  a  toutefois  ete  mise  au  point  pour  une  utilisation 
future  so_us_  d'autres  latitudes.  De  meme,  la  non  stationnarite  du  canal  sur  de  courtes  durees  doit 
conduire  a  eliminer  dans  la  majeure  partie  des  cas,  une  analyse  spectrale  par  transformation  de  Fourier. 
II  apparait  en  effet  que  des  durees  d'integration  de  10  a  20  s  ne  doivent  pas  etre  depassees  lors  d'une 
mesure  frequentielle  portant  sur  les  evolutions  du  canal  ;  ceci  sous  peine  d'une  interpretation  erronee 
des  resultats..!  Des  techniques  d'analyse  spectrale  non  lineaire,  du  type  "Maximum  d'entropie"  out  done 
ete  retenues  pour  1'analyseur  de  liaisons.  Elies  preservent  en  effet  une  bonne  resolution  en  frequence 
pour  de  faibles  temps  d'integration. 

2.  Le_sys_tenie_de_  mesure 

L'analyseur  de  liaisons  est  compose  de  deux  parties  distinctes  : 

-  1 'ensemble  d'emission  comportant  1 'amplificateur  de  puissance  (600  W),  la  gestion  et  la  gene¬ 
ration  des  signaux  transmis,  ainsi  que  les  aeriens  d'emission  (antenne  large  bande  type  V  inverse  et 
antennes  accordees) 

-  1 'ensemble  de  reception  comportant  les  aeriens  de  reception  (types  Delta  et  fouets  actifs),  le 
recepteur  HF  et  toutes  les  taches  de  traitement  en  temps  reel  de  1 'information. 

Les  caracteristiques  d'emission  et  cel les  leur  correspondant  en  reception  sont  totalement 
programraables  a  1 'aide  de  terminaux  alphanumeriques.  Ainsi,  le  choix  de  la  frequence  d'emission,  1'heure 
de  debut  et  la  £uree  d'une  analyse,  le  type  de  modulation  et  la  sequence  de  codage  transmis,  de  meme  que 
tous  les  parametres  des  traitements  de  reception  peuvent  etre  preselectionnes  pour  un  fonctionnement 


4-4 


totalement  automatique  du  systeme.  La  synchronisation  des  deux  sous  ensembles  d'emission-reception  est 
assuree  par  des  etalons  de  frequence  au  Rubidium. 

Le  schema  bloc  de  la  partie  reception  de  1 'analyseur  de  liaisons  est  fourni  par  la  figure  1.  La 
periode  minimale  de  reactual isation  des  mesures  de  reponses  impulsionnelles  est  de  10.2  ms.  Elies  sont 
obtenues  dans  une  bande  de  10  KHz.  Les  autres  parametres  de  propagation  sont  mesures  dans  une  bande 
d'environ  50  KHz  avec  une  periode  minimale  de  reactualisation  de  160  ms  pour  les  temps  de  groupe,  les 
attenuations,  les  phases  instantanees ,et  les  niveaux  moyens  de  bruit.  Pour  les  analyses  spectrales  de 
type  non  lineaire,  la  duree  d'integration  minimale  est  de  10  s.  La  dynamique  utile  des  mesures  est 
d'environ  30  dB. 

La  duree  d'une  analyse  est  fonction  de  la  quantite  d'information  enregistree,  compte  tenu  de  la 
memoire  de  masse  utilisee  :  bande  magnetique  de  180  Mbytes.  Ainsi,  lorsque  les  periodes  de  reactuali^ 
sation  minimales  sont  choisies  et  que  toute  1 'information  disponible  est  enregistree,  cette  duree  est  de 
24  mn  environ.  A  1 'oppose,  si  aucune  reponse  impulsionnelle  n'est  enregistree  et  que  l'on  ne  conserve 
que  les  divers  parametres  de  propagation,  1 'analyse  du  canal  peut  se  poursuivre  durant  48  h  environ. 
Tous  les  choix  intermediaires  sont  possibles  :  enregistrement  d'une  reponse  impulsionnelle  parmi  h  par 
exemple. 


Un  autre  mode  de  fonctionnement  de  1 'analyseur  de  liaisons  est  actuellement  operationnel .  II 
offre  la  possibility  d'une  reception  au  choix  sur  1,  2,  3  ou  4  antennes.  Dans  ce  mode  de  fonctionnement, 
la  reception  s'effectue  par  scrutation  cyclique  des  antennes  retenues.  La  duree  minimale  de  scrutation 
d'une  antenne  est  d'environ  30  ms. 

Enfin,  sur  le  site  de  reception  un  controle  permanent  de  1 'etat  du  canal  peut  etre  effectue  par 
l'operateur.  II  dispose  pour  cela  de  la  visualisation  en  temps  reel  sur  une  console  graphique  de  la 
reponse  impulsionnelle  complexe  du  canal  et  de  1 ‘affichage  sur  terminal  alphanumerique  de  tous  les 
parametres  de  propagation  mesures. 


IV.  RESULTATS  EXPERIMENTAL 


Parmi  les  nombreux  resultats  obtenus  avec  1 'analyseur  de  liaisons  entre  St  Santin  et  Lannion, 
nous  proposons  trois  echantillons  illustrant  les  performances  du  systeme  de  mesure  et  le  caractere 
fortement  non  stationnaire  du  canal  ionospherique.  L‘ interpretation  geophysique  des  mesures  portant  sur 
les  temps  de  groupe  resulte  de  1 'exploitation  des  ionogranmes  verticaux  de  Poitiers  (point  milieu  de  la 
liaison)  et  de  ceux  de  Lannion.  Leur  transformation  en  ionogrammes  obliques  s'effectue  selon  le  tneoreme 
de  Martyn,  en  supposant  une  terre  spherique  et  une  ionosphere  courbe  (Davies,  1965).  Un  exemple  de 
transformation  est  fourni  par  la  figure  5.  L'operation  consiste  en  une  saisie  de  1 'ionogramme  vertical 
sur  une  tablette  a  digitaliser  (caractere  *)  puis  en  une  representation  en  trait  continu  des  modes  "o" 
et  "x"  de  la  propagation  oblique  equivalente.  La  frequence  d'utilisation  de  la  liaison  est  visualisee 
par  un  trait  pointille  vertical. 

Les  figures  concernant  les  trois  premiers  echantillons  de  mesure  presentent  1 'evolution  au  cours 
du  temps  des  parametres  suivants  : 

-  temps  de  groupes  (sans  notion  d'amplitude  pour  eviter  un  masquage  d'infonnation  par  effet  de 

perspective),  fig.  2a,  3a  et  4a. 

-  amplitudes  et  temps  de  groupe,  fig.  2b  et  3b. 

-  decalages  frequence  Doppler  (obtenus  chacun  sur  20  s  d'integration)  et  temps  de  groupe, 

fig  2c  et  3c. 

1.  premier  echantillon 

La  periode  d'observation  est  situee  bien  apres  le  lever  du  soleil ,  le  16.06.1988  et  la 
frequence  de  transmission  est  de  7.83  MHz.  Les  trajets  qui  peuvent  etre  identifies  sur  la  figure  2a 
sont  : 


-  A  2.22  ms,  le  mode  extraordinaire  par  la  couche  E  (lEx). 

-  A  2.31  ms  -  2.36  ms,  nature  des  trajets  plus  delicate  a  determiner.  II  s'agit  probablement  du 
mode  1  E0,  et  du  bond  par  la  couche  E  sporadique. 

-  Vers  2.60  ms,  le  mode  extraordinaire  par  la  couche  Fj. 

-  Au  dessus  de  3.00  ms,  le  mode  extraordinaire  par  la  couche  F£  et  une  reflexion  du  meine  type 
mais  selon  le  rayon  haut  ou  rayon  de  Pedersen.  Vers  8  h  05,  les  deux  rayons  se  confondent  en 
un  point  correspondant  a  la  frequence  maximale  util i sable  (MUF)  sur  le  trajet. 

L'observation  de  la  figure  2b  indique  un  fort  niveau  d'amplitude  moyenne  pour  la  reflexion  1EX 
avec  des  evanouissements  peu  profonds.  Le  niveau  regu  via  le  mode  lFlx  est  par  contre  plus  faible, 
allant  jusqu'a  une  extinction  totale  du  mode.  On  peut  egalement  remarquer  une  certaine  correlation  entre 
les  niveaux  regus  par  les  modes  lF^  haut  et  bas,  du  moins  jusqu'a  8  h  05.  Un  accroissement  maximal 
de  1 'ionisation  est  visible  vers  8  n  30  sur  la  couche  F2.  Plusieurs  minutes  apres  son  etablissement, 
1 'amplitude  du  raycn  haut  devient  de  plus  en  plus  faible  permettant  de  confirmer  1'idee  generalement 
admise  que  les  rayons  hauts  sont  plus  attenues  que  les  rayons  bas. 
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La  figure  2c  confirme  la  stability  dans  le  temps  des  modes  propages  par  E  et  Fj,  puisque  les 
decalages  doppler  qui  leurs  sont  associes  sont  tres  faibles.  La  grande  dynamique^  constatee  sur  les 
rayons  bas  et  hauts  propages  par  la  couche  F2  est  egalement  traduite  par  la  presence  de  decalages 
frequence  Doppler  importants  (jusqu'a  -1  Hz)  et  evoluant  rapidement  au  cours  du  temps.  On  peut  ici 
encore  noter  une  certaine  dependance  d'evolution  entre  les  trajets  haut  et  bas. 

2.  De£xjiejM_echantil_lon 

Recueilli  le  10.06.1988,  cet  echantillon  fait  suite  a  une  legere  agitation  magnetique  (K  s:  5). 
La  frequence  de  transmission  est  de  8.24  MHz.  De  meme  que  pour  le  premier  echantillon,  les  divers 
trajets  de  propagation  identifies  sont  indiques  sur  la  figure  3a.  L 'interpretation  de  cet  echantillon 
est  toutefois  rendue  plus  delicate  par  1 'absence  d'echo  signalant  la  naissance  des  rayons  hauts  des 
modes  “0"  et  "x"  de  la  couche  F2  alors  que  Von  observe  tres  bien  leur  disparition.  Cet  echantillon 
met,  lui  aussi,  en  evidence  la  grande  variabilite  en  temps  des  retards  de  groupe,  et  des  amplitudes  des 
divers  trajets  detectes.  Les  decalages  en  frequence  Doppler  (cf  fig  3c)  presentent  des  fluctuations 
importantes  au  cours  du  temps  et  des  evolutions  de  type  quasi-periodique  peuvent  etre  discernees. 

3.  Troisieme  echantillon 


Cette  periode  d'observation  fait  suite  a^  celle  du  2ieme  echantillon.  El  le  couvre  26  heures 
d'analyse  continue  du  canal.  Les  trajets  identifies  sont  indiques  sur  la  figure  4.  Cet  echantillon  est 
presente  pour  situer  les  differents  modes  de  propagation  en  fonction  de  1'heure  de  la  journee 
(nuit/jour)  et  pour  illustrer  la  variabilite  du  retard  de  groupe  par  la  region  F2,  une  fois  que  ce 
mode  etabli.  Dans  la  premiere  periode  entre  18  h  et  22  h  30,  on  peut  facilement  isoler  les  echos  1FX 
et  1F0  et  conclure  que  cette  transition  horaire  n'est  pas  brutale.  Vers  23  h,  1 'ionisation  de  la 
region  F2  diminue  rapidement  et  n'est  plus  suffisante  pour  assurer  la  propagation.  Les  nombreux  echos 
retenus  vers  3  h-4h  peuvent  provenir  de  l'algorithme  de  traitement  et  non  de  mecanismes  de  diffusion.  II 
faut  attendre  5  h,  soit  queiques  heures  apres  le  lever  du  Soleil ,  pour  voir  reapparaitre  la  reflexion 
1FX  et  6  h  15  pour  la  reflexion  1FQ.  La  forme  d'evolution  alors  obtenue  est  differente  et  plus 
simple  que  celle  observee  lors  de  la  journee  precedente  (cf.  fig. 3  a).  A  partir  de  09  h  00,  la  densite 
de  la  couche  F2  se  stabilise  et  Vobservation  de  ses  evolutions  temporelles  au  cours  de  la  journee 
suggere  deux  remarques.  La  premiere  concerne  la  separation  entre  les  modes  0  et  x  qui  est  comprise  entre 
0  et  0.1  ms.  Cette  plage  de  variation  est  confirmee  par  les  ionogrammes  verticaux  de  Poitiers  qui 
situent  la  zone  de  reflexion  proche  de  la  base  de  la  region  F2,  c'est  a  dire  vers  300-320  km  de 
hauteur  virtuelle.  La  deuxieme  observation  concerne  la  variabilite  du  retard  qui  presente  plusieurs 
oscillations  de  0.1  a  0.3  ms  avec  une  periode  inferieure  a  une  heure.  Cette  fluctuation  est  liee  au 
mouvement  de  la  couche  r2  ainsi  que  le  montre  la  figure  6  ou  Ton  a  reproduit  le  retard  mesure  avec 
les  deux  parametres  foF2  et  h'F2  a  Poitiers. 

L'elevation  importante  de  la  couche  F2  a  12  h  est  fortement  correlee  avec  un  saut  sur  le 
retard  de  groupe  de  0.5  ms  environ.  Les  bonds  multiples  sont  presents,  en  particular  2FX  avec  un 
retard  superieur  a  5  ms  et  une  plus  grande  variabilite  ( ss  1  ms)  que  le  IF.  Ceci  peut  etre  attribue  a 
1 'altitude  de  reflexion,  plus  elevee  et  done  moins  stable  qu'a  la  base  de  la  couche.  La  separation  o,x 
est  moins  nette  car  le  mode  0  n'est  pas  systematiquement  assure  en  raison  du  niveau  d'ionisation. 

Enfin,  apres  17  heures,  tandis  que  la  densite  de  la  couche  F2  augmente,  et  que  la  hauteur 
virtuelle  diminue  (cf.  figure  6),  on  observe  simultanement  les  trois  premiers  bonds  de  la  region  F2. 
Les  modes  0  et  x  sont  alors  distincts  pour  2F2  et  3F2.  On  constate  done  que  6  a  7  rayons  separables 
en  temps  par  l'analyseur  de  liaisons  determinent  le  niveau  de  champ  regu  a  Lannion,  chacun  avec  un  angle 
d'arrivee  different. 


V  -  CONCLUSION 


L' amelioration  de  la  qualite  et  de  la  fiabilite  des  communications  dans  la  ganrne  decametrique 
passe  par  une  bonne_  caracterisation  experimental e  du  canal  de  transmission  ionospherique. _  Cette 
caracterisation  peut  etre  presentee  soit  sous  forme  de  modeles,  soit  sous  forme  de  sequences  de  reponses 
impulsionnelles  du  canal.  Pour  y  parvenir,  un  analyseur  de  liaisons  HF  a  ete  developpe  au  CNET.  Les 
techniques  qu'il  utilise  pour  le  traitement  de  1 'information  doivent  etre  adaptees  au  comportement  ron 
stationnaire  de  la  propagation  ionospherique.  Cette  grande  variabilite  en  temps  du  canal  est  clairement 
mise  en  evidence  par  les  queiques  resultats  qui  ont  ete  presentes.  En  consequence,  un  modele  de  canal 
mieux  representatif  que  les  modeles  existants  a  ete  decrit.  II  est  actuellement  en  cours  de  validation 
experi mental e.  Pour  contribuer  a  la  construction  de  ce  modele,  une  interpretation  geophysique  des 
resultats  est  necessaire.  Elle  est  effectuee  a  1 'aide  d' ionogrammes  verticaux  obtenus  au  point  milieu 
de  la  liaison.  Cependant,  la  methode  de  trace  de  rayons  utilisee  dans  le  cas  present  est  un  peu  sommaire 
du  fait  d' approximations.  L'utilisation  d'un  seul  profil  ionospherique  tous  les  quarts  d'heures,  en  un 
seul  point  du  trajet  est  egalement  insuffisante  du  fait  de  la  variabilite  temporelle  du  canal.  De  plus, 
la  presence  de  gradients  fait  apparaitre  ou  disparaitre  des  modes  de  propagation.  Elle  modifie  ceux  deja 
existants  et  rend  ainsi  1 'interpretation  geophysique  parfois  difficile.  II  faut  rappeler  que  la  trajec- 
toire  est  relativement  courte  et  que  des  mesures  sur  des  distances  plus  longues  voire  des  latitudes 
differentes  ne  feront  certainement  qu'augmenter  le  degre  de  complexite  de  1 'interpretation.  En 
conclusion,  nous  mettons  1 'accent  sur  le  caractere  performant  de  l'analyseur  de  liaisons  dont  les 
mesures  doivent  permettre  une  meilleure  representation  du  canal  de  transmission  ionospherique  mais  aussi 
un  approfondi ssement  des  connaissances  geophysiques  sur  le  milieu. 
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REMERCIEKENTS 

Nous  remercions  les  responsables  des  stations  ionospheriques  de  Poitiers  et  Lannion  pour  la 
fourniture  des  ionogramnes  verticaux. 
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(c)  temps  de  groupe  en  ms  pour  le  bond  1F2 
entre  St.  Santin  et  Lannion. 
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SUHHARX 

Aitnough  high  frequency  (HF)  communication  systems  have  been  used  for  many  decades,  these  systems 
are  currently  the  subject  of  renewed  interest,  particularly  in  assessing  the  capabilities  of  the  HF 
channel  with  regard  to  wideband  (of  the  order  of  12-1000  kHz)  signals.  This  interest  has  generated  a 
need  for  wideband  HF  channel  propagation  measurements  and  the  development  of  wideband  channel  mpdels  and 
simulators.  ? 

This  paper  provides  a  brief  review  of  recent  work  in  wideband  HF,  discusses  some  limitations  of 
existing  HF  channel  models,  describes  on-going  work  at  the  Institute  for  Telecommunication  Sciences  in 
the  development  of  a  validated  wideband  HF  channel  model,  and  concludes  with  a  discussion  of  key 
technical  issues  remaining  in  the  development  of  this  model. 


1 .  INTRODUCTION 

Most  high  frequency  (HF)  ionospheric  systems  have  traditionally  had  bandwidths  of  a  few  kilohertz 
or  less.  The  feasibility  of  HF  systems  with  bandwidths  of  the  order  of  100  kHz  to  1  KHz  has  been 
investigated  in  a  number  of  recent  studies  [1-li|].  The  HF  Azimuth  Diversity  Propagation  Experiment 
conducted  by  the  U.S.  Air  Force  Rome  Air  Development  Center  has  resulted  in  a  large  data  base  of 
propagation  data  for  polar  ionospheric  paths  [153.  Experimental  data  are  also  reported  by  Basler  [16] 
on  disturbed  skywave  HF  paths  including  polar,  auroral,  and  equatorial  regions.  A3  can  be  seen  from 
these  references,  several  different  NATO  countries  are  currently  conducting  research  in  the  field  of 
wideband  HF.  The  application  of  state-of-the-art  digital  technology  to  HF  communications  systems  makes 
new  capabilities  feasible,  and  in  particular,  the  use  of  spread-spectrum  technology  for  both  HF 
communications  and  over-the-horizon  radar  systems  is  of  interest. 

For  communication  systems,  the-  advantages  of  spread-spectrum  technology  are  well  known.  These 
advantages  include  low-probabllity-of-intercept  (LPI)  communications,  Interference  rejection, 
simultaneous  operation  of  several  transmitters  in  the  same  frequency  band,  and  resolution  of  multipath 
skywave  returns.  For  HF  radar  systems,  the  use  of  wideband  spread-spectrum  signals  results  in  improved 
range  resolution.  Thus,  both  applications  require  the  use  of  the  widest  possible  bandwidth  for  a  given 
path,  time  of  day,  season,  sunspot  number,  etc. 

We  need  to  be  able  to  evaluate  the  performance  of  prototype  wideband  HF  systems.  Such  performance 
evaluation  can  best  be  attained  through  the  use  of  channel  simulation.  The  advantages  of  channel 
simulators  for  the  testing  of  communication  systems  are  well  known  [17,  18].  The  advantages  include 
accuracy,  repeatability,  statlonarlty,  availability,  parameter  variation,  and  cost.  Thus,  a  wideband  HF 
channel  model  that  has  been  validated  by  wideband  channel  measurements  is  needed. 

Figure  1  depicts  the  interrelationship  between  the  required  measurements,  the  wideband  high 
frequency  (WBHF)  models,  and  both  hardware  and  software  implementations  of  those  models.  The  parts  of 
the  WBHF  modeling  process  are:  the  propagation  model  or  channel  transfer  function,  and  the  noise  and 
interference  models.  All  parts  of  the  WBHF  modeling  process  will  be  discussed  in  this  paper.  Tho 
models  can  be  implemented  in  either  software  or  hardware.  Software  implementations  of  the  models  are 
useful  during  the  system  design  phase  of,  for  example,  a  wideband  HF  modem.  If  the  HF  system  as  well  as 
the  WBHF  models  are  implemented  in  a  software  simulator,  the  theoretical  performance  of  various  modem 
designs  can  be  evaluated.  Hardware  Implementations  of  the  models  are  useful  in  the  performance  testing 
of  the  complete  HF  system  hardware.  A  logical  sequence  of  event3  would  be  the  use  of  a  software 
simulator  during  the  design  phase  of  a  wideband  HF  system  and  a  hardware  simulator  to  evaluate  the 
performance  after  the  chosen  design  had  been  implemented  into  hardware. 


2.  BACKGROUND 

Research  programs  in  wideband  HF  have  followed  four  parallel  but  strongly  interconnected  paths: 

•development  and  field  testing  of  experimental  wideband  communication  systems 

•channel  noise  and  Interference  measurement  and  modeling  programs 

•wideband  channel  propagation  measurement  programs 

•channel  modeling  programs 

Clearly,  the  channel  modeling  programs  depend  on  the  availability  of  wideband  channel  propagation 
measurements  to  ensure  the  validity  of  the  model.  However,  they  are  treated  in  this  section  as 
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independent  programs,  because  often  the  propagation  measurement  programs  may  not  have  the  development  of 
a  validated  channel  model  as  their  primary  objective.  Rather,  the  channel  propagation  measurement 
programs  tend  to  be  oriented  toward  an  enhanced  understanding  of  the  ionosphere.  The  tight  coupling  of 
the  wideband  channel  measurement  and  modeling  efforts  wiil  be  discussed  in  Section  6. 

2.1  Wideband  Communication  System  Experimentation 

Early  interest  in  the  feasibility  of  wideband  HE  was  reported  by  Belknap  et  al.,  in  1968  [19]. 
This  early  work  addressed  the  problem  of  automatic  compensation  for  ionospheric  distortions  that  result 
from  dispersion,  multipath,  and  Faraday  rotation.  Analysis  of  data  collected  on  an  HF  link  from 
Lubbock,  TX  to  Stanford,  CA  showed  the  feasibility  of  equalization  of  the  channel.  However,  real-time 
channel  equalization  awaited  the  advent  of  LSI  technology  more  than  a  decade  later  [2]. 

The  status  of  wideband  communication  programs  being  conducted  by  the  Mitre  Corporation  is 
summarized  by  Perry  et  al.  [1].  Important  questions  being  investigated  include  adaptive  equalization 
for  wideband  HF  and  the  effect  of  ' interference  excision  on  system  performance  [1-h].  The  programs 
described  in  these  papers  do  not  appear  to  have  the  level  of  data  collection  needed  for  wideband 
propagation  modeling  as  their  primary  objective  and  will  therefore  not  be  addressed  further  in  this 
paper. 

2.2  Channel  Noise  and  Interference  Measurement  and  Modeling  Programs 

The  modeling  and  simulation  of  wideband  HF  noise  and  interference  is  an  important  part  of  the 
process  of  performance  evaluation  of  wideband  HF  systems.  A  number  of  HF  interference  measurement  and 
modeling  programs  in  several  NATO  countries  have  been  reported  in  the  recent  literature  [20-27].  The 
measurements  have  resulted  in  the  development  of  channel  occupancy  models.  The  applicability  of  these 
models  to  wideband  HF  simulation  will  be  discussed  in  Section  7. 

2.3  Wideband  Channel  Propagation  Measurement  Programs 

Numerous  wideband  HF  channel  propagation  measurement  programs  are  being  conducted  In  the  Un'ted 
States,  Norway,  and  the  United  Kingdom  [5-13].  The  apparent  objectives  of  these  programs  are  to  provide 
data  useful  for  the  understanding  of  the  HF  channel  and  for  the  eventual  development  of  spread-spectrum 
HF  systems.  These  data  are  also  critically  needed  for  the  development  of  a  validated  wideband  HF 
channel  model.  The  channel  probe  described  by  Wagner  et  al.  [5]  has  tne  highest  resolution  of  any  of 
the  systems  described  in  references  [5-1 3] *  The  Institute  for  Telecommunication  Sciences  has  been 
provided  with  wideband  HF  channel  probe  data  through  the  courtesy  of  Dr.  Wagner  and  the  U.S.  Naval 
Research  Laboratory.  The  use  of  these  data  in  the  development  of  a  wideband  channel  model  will  be 
described  in  Section  6. 

2.h  Channel  Modeling  and  Simulation  Programs 

Watterson  developed  a  model  of  a  narrowband  channel  in  the  late  1960's  [28,  29].  The  structure  of 
this  model  is  provided  in  Figure  2.  The  mathematical  formulation  of  the  model  is: 

H(f,t)  -  ll  ct(t)  exp{-J2stif)  (1) 

where  for  path  i:  cj.  is  a  bivariate,  complex  Gaussian  function 
•q  is  the  constant  path  delay 

The  summation  in  (1)  Is  for  a  finite  number  of  path3,  each  of  which  is  assumed  to  have  Independent 
statistics. 

The  Watterson  model  has  been  given  by  the  CCIR  [30],  It  has  been  implemented  in  several  different 
hardware  and  software  simulators  [18,  31,  33,  3!)],  and  has  been  u3ed  for  HF  modem  testing  [18,  32,  33, 
and  36].  Girault  et  al.  [35]  report  an  extension  of  the  model  for  software  testing  of  frequency  hopping 
systems. 

Although  the  Watterson  model  was  developed  almost  20  years  ago,  it  is  still  widely  U3ed  and 
recognized  a3  being  the  best  model  for  simulation  of  the  narrowband  HF  skywave  channel.  Unfortunately, 
it  appears  that  with  the  passage  of  time  limitations  on  the  use  of  the  model  are  sometimes  forgotten. 
Watterson  [28,  29]  very  clearly  explained  the  procedures  he  used  in  the  validation  of  the  model  and  its 
limitations.  Table  1  provides  a  summary  of  the  data  used  in  the  validation  of  the  model.  Note  that  the 
model  has  not  been  proven  valid  all  of  the  time  for  channel  bandwidths  in  excess  of  2.5  kHz. 
Furthermore,  the  model  is  limited  to 

•channels  having  time  and  frequency  stationarlty 

•channels  having  negligible  delay  dispersion  (e.g.,  no  spread-F) 

•channels  having  only  a  low-ray  path 

LeRoux  et  al.  [37]  question  the  adequacy  of  the  model  for  a  number  of  important  cases  (e.g.,  when  the 
path  is  non3tationary  in  time). 

The  limitations  of  the  Watterson  model,  particularly  in  regard  to  its  validated  bandwidth,  and  the 
recent  Interest  In  wide  bandwidth  HF  have  provided  motivation  for  researchers  in  a  number  of 
organizations  to  investigate  either  extensions  to  the  model  or  entirely  new  models  [38—1(1  ] . 
Serrat-Fernandez  et  al.  [38]  propose  a  slight  modification  of  the  Watterson  model  in  which  the  Gaussian 
shape  of  the  Doppler  spectrum  is  replaced  by  a  Butterworth  shape.  The  assumption,  valid  for  narrowband 
models,  that  the  group  delay  (tj)  Is  not  a  function  of  frequency  is  one  area  of  current  interest. 
Clearly,  this  assumption  does  not  hold  for  wideband  HF.  The  methodology  for  modeling  this  and  other 
parameters  for  the  wideband  case  is  the  target  of  research  [39-!(1],  and  the  subject  of  the  remainder  of 
this  paper. 
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3.  ALTERNATIVE  APPROACHES  TO  WIDEBAND  CHANNEL  MODELING 

The  Institute  fop  Telecommunication  Sciences  has  investigated  three  alternative  approaches  to  the 
development  of  a  wideband  channel  model: 

•model  based  on  scintillation  theory 

•Tap  Delay  Line  or  Extended  Watterson  Model  (EWM) 

•Ionospheric  Parameters  Model  (IPM) 

Each  of  these  three  approaches  will  be  briefly  described  in  Sections  3.1  through  3.3.  The  Ionospheric 
Parameters  Model  will  be  discussed  in  detail  in  Sections  4  through  6. 

3.1  Scintillation  Theory 

Theoretical  understanding  of  radio-wave  propagation  in  the  HF  band  has  been  based  on  a  number  of 
models  for  the  ionosphere.  Ionospheric  models  that  depict  the  spatial  and  temporal  variations  of  the 
refractive  index  have  evolved  through  many  stages.  They  include  the  earliest  smooth,  unperturbed, 
stationary,  and  layered  models  [1)2,  1)3]  as  well  as  the  more  recent  irregular,  disturbed,  turbulent,  time 
variant  models  [i)i),  45]. 

The  latest  characterization  of  scintillation  theory  as  applied  to  HF  radio-wave  propagation  is 
found  in  [1)6-48].  These  papers  combine  lengthy  mathematics  with  many  justified  and  simplifying 
physical  approximations. 

To  summarize  the  application  of  scintillation  theory  to  radio  waves  in  a  turbulent  ionosphere,  the 
theory  starts  with  assumed  properties  for  an  irregular  ionosphere  mode  U.e.,  a  layer  with  a  given  mean 
square  of  refractivity  index  fluctuations  and  its  wavenumber  spectrum).  For  a  CW  signal,  the 
application  of  scintillation  theory  leads  to  the  following  quantities: 

•the  second  order  characteristics  of  the  received  phase  fluctuations  in  time 

•estimates  of  the  nominal  HF  channel  correlation  bandwidth 

•the  angle  of  divergence  of  the  received  rays  with  respect  to  the  direction  of  arrival 

•fading  correlation  distance  at  the  receiver 

•twinkling  correlation  distance  at  the  receiver 

•qua3i-period  of  fading 

•quasi-period  of  twinkling 

In  the  above  list,  the  term  "twinkling"  deserves  a  comment.  Following  the  terminology  of  Booker 
et  al.  [46,  48],  fading  and  twinkling  can  be  viewed  as  two  separate  facets  of  signal  scintillation. 
Twinkling  is  a  slow  modulation  of  the  typically  much  faster  fading  of  the  signal.  Theoretically 
estimated  twinkling  periods  range  from  a  few  minutes  to  an  hour,  while  those  of  fading  range  from  a 
fraction  of  a  second  to  several  minutes. 

Real  data  are  needed  for  the  wideband  HF  channel  modeling  and  simulation  program.  The  data  confirm 
how  the  ionosphere  affects  wideband  signals,  while  the  theory  strives  to  explain  and  to  define  a 
physically  and  logically  acceptable  framework.  The  central  role  of  experimental  measurements  is 
depicted  in  Figure  3.  Data  resulting  from  these  measurements  are  needed  both  for  the  confirmation  of 
scintillation  theory  and  for  tne  validation  of  a  wideband  HF  channel  model.  The  direct  application  of 
measured  wideband  HF  propagation  data  to  the  development  of  a  validated  wideband  channel  model  is 
emphasized  by  the  solid  lines.  The  role  of  scintillation  (as  shown  by  the  dashed  lines)  theory  should 
be  to  more  fully  characterize  the  turbulent  ionospheric  medium  rather  than  to  form  the  basis  for  a 
channel  propagation  model. 

3.2  Tapped  Delay  Line  Model 

Let  H(f,t)  be  the  time-varying  channel  transfer  function.  The  customary  models  for  H(f,t),  at 
least  for  Its  narrowband  version,  are  those  of  a  tapped  delay  line.  An  example  is 

H(f.t)  -  I  Hitf.t),  (2) 

whore 


Hi(f,t)  -  Ai(f)ui(f,t)exp[-j2:iTi(f)f].  (3) 

Here  one  assumes 

•  index  1  Identifies  individual  multipath  modes. 

•  Aj(f)  is  a  real,  nonnegative,  amplitude  of  the  i-th  mode.  It  depends  on  frequency,  but  not  on 
time. 

•  Ui(f,t)  is  a  complex,  bivariate  Gaussian,  random  process  with  zero  mean  and  statistically 
Independent  real  and  imaginary  parts.  It  depends  both  on  time  and  frequency. 

•  Tj(f)  is  the  path  delay  for  the  1-th  mode.  It  depends  on  frequency  and  has  been  called  the 
dispersion  slope. 
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For  narrowband  HF,  where  bandwldths  usually  do  not  exceed  3  kHz,  It  has  been  justified  [29]  to 
replace  Aj(f),  ui(f,t),  and  n(f)  with  their  constant  (frequency  insensitive)  versions  c*  and  tj, 
respectively.  Since  the  constant  parameter  model  for  narrowband  HF  has  been  referred  to  as  the 
Watterson  model,  the  wideband  manifestation  of  (3)  may  be  viewed  as  an  "extended  Watterson  model." 

A  wideband  variation  of  the  Watterson  model  has  been  used  by  Malaga  [39],  Other  variations,  also 
suitable  to  the  wideband  case,  include  the  representation 

H^(f ,t)  -  A1(f,t)exp[-j2Bxi(f,t)f],  (4) 

as  proposed  by  Barratt  and  Walton  [40],  Note  that  if  tj;(f)  is  identified  with  the  time-average  of 
Tj(f,t),  and  the  deviation  n(f ,t)-xi(f )  is  made  a  separate  factor,  then  this  form  agrees  for  all 
practical  purposes  with  the  model  defined  by  (3). 

A  complete  channel  model  requires  numerical  values,  parameter  ranges,  and  functional  dependencies. 
These  can  be  obtained  mainly  through  channel  propagation  measurements  such  as  those  reported  by 
Wagner  [6-9]. 

One  approach  to  the  development  of  a  wideband  channel  model  would  be  to  attempt  to  fit  wideband 
channel  probe  data  to  the  proposed  wideband  channel  transfer  functions  given  by  (3)  or  (4).  This  would 
result  in  a  channel  simulator  having  the  functional  structure  of  a  tap  delay  line  as  shown  in  Figure  2. 
Although  this  approach  is  appealing  and  could  possibly  be  achievable,  some  difficulties  are  expected. 
As  noted  in  Section  2.4,  the  Watterson  model  was  validated  for  only  a  limited  set  of  propagation 
conditions.  One  problem  is  finding  a  representation  for  the  tap  gain  multipliers,  C|(t),  of  (1).  Even 
for  a  narrowband  HF  channel,  measured  propagation  data  could  be  fit  to  a  Gaussian  distribution  only 
under  very  limited  conditions.  At  times  an  adequate  fit  could  be  obtained  only  for  a  2.5-kHz  bandwidth 
(see  Table  1).  Therefore,  the  likelihood  of  finding  a  distribution  that  would  fit  the  measured  data  for 
much  wider  bandwldths  (100  -  1000  kHz)  is  low.  Additionally,  the  Watterson  model  was  validated  only  for 
stationary,  stable  conditions. 

The  above  limitations  provided  motivation  to  seek  an  entirely  new  approach  to  the  HF  channel  model 
development  process.  It  is  desirable  that  the  model  be  capable  of  adequately  representing  the  channel 
for  a  wide  variety  of  propagation  conditions,  not  Just  stationary,  stable  conditions.  The  modeling 
approach  we  have  taken  is  outlined  in  Section  3.3  and  discussed  in  detail  in  Sections  4  through  6. 

3.3  Ionospheric  Parameters  Model  (IPM) 

The  Ionospheric  Parameters  Model,  which  will  be  described  in  more  detail  in  Section  4,  is  a  model 
that  relate  the  quantities  of  the  transfer  function  to  actual  physical  parameters  of  the  ionosphere. 

Ir.  any  wideband  HF  simulation  model,  the  relationship  between  delay  time  and  frequency  is  of  major 
importance.  The  frequency  components  of  a  pulse  reflected  from  the  ionosphere  arrive  at  the  receiver 
with  different  delay  times,  thus  causing  a  distortion  of  the  original  pulse  shape.  For  narrow 
bandwidths  (e.g.,  3  kHz),  the  effect  of  the  delays  (caused  by  frequency  dispersion)  on  the  shape  is 
negligible.  However,  there  can  be  considerable  effect  on  signals  having  bandwidths  of  the  order  of 
100  kHz  or  more  [6].  If  a  true  impulse  could  be  transmitted,  the  impulse  response  would  have  a  very 
broad  shape  because  of  the  delays  encountered  by  all  the  frequencies  in  the  "infinite"  bandwidth.  An 
indication  of  the  broadening  of  the  impulse  response  can  be  obtained  from  the  examination  of  a  typical 
lonograo  (see  figure  5a). 

A  disadvantage  of  the  Extended  Watterson  Model  approach  is  the  difficulty  of  getting  quantitative 
estimates  for  the  delay  time/frequency  relationship.  A  suggested  procedure  is  to  measure  the  slope  of 
an  lonogram  trace  over  the  bandwidth  of  interest.  This  works  as  long  as  there  are  stable  conditions  and 
the  noise  threshold  is  fairly  constant. 

The  Ionospheric  Parameters  Model  approach  provides  an  analytic  expression  for  the  delay-frequency 
relation  that  serves  as  a  long-term  median  or  deterministic  base  around  which  statistical  variations  can 
be  added.  The  analysis  is  based  on  a  well-known  electron  density  model  and  can  be  related  to  the 
physical  parameters  for  each  of  several  ionospheric  layers.  Thu3,  it  is  a  variable  base  applicable  to 
many  different  3eason3  and  locations  and  can  utilize  the  extensive  information  fund  already  available 
concerning  the  deterministic  and  statistical  characterizations  of  ionospheric  parameters. 

The  use  of  an  analytic  expression  for  the  phase  was  suggested  many  years  ago  in  a  paper  by 
Wetzel  [50]  in  which  he  assumed  a  parabolic  layer  model  for  the  electron  density  profile.  As  is  well 
known,  the  parabolic  model  provides  a  fairly  realistic  description  of  a  stable  ionospheric  layer; 
however,  the  equation  relating  delay  time  and  frequency  requires  Iterative  procedures  to  evaluate.  On 
the  other  hand,  the  corresponding  equation  derived  for  the  IPM  is  an  explicit  expression  for  the 
frequency  in  terms  of  the  delay  time.  The  following  section  describes  the  mathematical  derivation  of 
the  channel  transfer  function  for  the  IPM. 


4.  TRANSFER  FUNCTION  FOR  THE  IPH 

In  this  section,  we  show  how  the  IPM  transfer  function  for  a  single  mode  is  developed  to  obtain  the 
phase  $  and  delay  time  for  vertical  Incidence.  The  extension  to  oblique  incidence  is  then  discussed, 
and  the  key  relationship  between  frequency  and  equivalent  height  h  is  derived. 

A  symbolic  representation  of  the  transfer  function  H(u,t)  of  an  ionospheric  reflection  channel  can 
be  expressed  a3 

H(u,t)  -  h  Hj(u,t) , 


(5) 


6-5 


where  Hj.(a,t)  denotes  the  transfer  function  of  a  particular  path  or  mode  in  the  channel,  and  a  -  2uf  is 
the  (angular)  frequency.  Variation  of  the  ionosphere's  physical  constituents  over  time  is  represented 
by  the  symbol  t.  In  most  of  the  following  discussion,  the  derivations  refer  to  a  single  path  or  mode, 
and  the  subscript  i  is  suppressed. 

In  the  present  case,  the  transfer  function  is  formulated  as  the  summation  of  reflection 
coefficients  R(a)  «  Hj^a),  t  constant,  associated  with  the  different  layers  of  the  ionosphere.  In 
general  the  coefficients  depend  on  electron  density,  collision  frequency,  geomagnetic  field,  and  the 
geometry  of  the  propagation  path.  If  all  of  these  quantities  were  constant  over  time  for  a  given 
channel,  then  the  transfer  function  and,  thus,  signal  response  could  be  evaluated  deterministically 
because  of  the  stable  conditions.  However,  a  model  applicable  to  actual  channels  requires  a  statistical 
description  due  to  time  variations  of  the  physical  processes.  The  utility  of  the  model  will  be  enhanced 
if  the  deterministic  base,  around  which  the  statistical  variations  are  applied,  can  provide  "long  term" 
or  median  values  appropriate  to  a  wide  variety  of  propagation  conditions.  A  deterministic  base  for  the 
wideband  model  that  provides  a  fairly  realistic  description  of  the  ionospheric  reflection  process  can  be 
obtained  from  the  following  considerations. 

For  the  case  of  no  magnetic  field  and  negligible  electron  collision  frequency,  the  W.K.B.  solutions 
to  Maxwell's  equations  for  the  electric  field  E  can  be  expressed  as  [43,  PP-  1 33~1 36] 

E(z)  »  A  exp{+jkj§ydz) ,  (6) 

where  A  is  a  constant,  k  »  2itf/c  is  the  wave  number,  z  is  height  above  ground,  and  u  denotes  the  index 
of  refraction  of  the  ionosphere.  Under  the  present  assumptions,  u  may  be  given  the  form 

U  -  [1-(fK/f)2}1/2,  (7) 

whr-e  f[j,  the  plasma  frequency,  is  a  function  of  height  and  ionospheric  layer  parameters. 

The  minus  and  plus  signs  in  (6)  correspond  to  upgoing  and  dovngoing  waves,  respectively,  and  if 
reflection  occurs  where  y  *  0  at  the  height  z0,  then  the  reflection  coefficient  R  is 

R(a)  -  exp{-J2kJo°pdz}  -  a  -  2:rf.  (8) 

Thus,  by  choosing  an  appropriate  function  for  the  plasma  frequency,  we  car.  obtain  a  deterministic  base 
for  the  transfer  function  of  (5)  through  the  relation 

Hj(a,t:  constant)  -  R*(a).  (9) 

A  model  that  has  been  used  to  approximate  the  electron  density  profile  of  a  3ingle  ionospheric 
layer  is  the  sech2  model  [43,  p.  156]: 

ff!  «  f£  sech2{ (zm-z)/2o) ,  (10) 

where  ffj  is  proportional  to  the  electron  density  and  o  is  related  to  the  thickness  of  the  layer.  The 
maximum  electron  density  occurs  at  the  height  zm  and,  thi.s,  fp  denotes  the  penetration  frequency  for 
vertical  incidence.  By  varying  the  layer  height,  thickness,  and  maximum  electron  density  parameters  of 
the  sech2  model,  one  can  approximate  a  wide  variety  of  single  layer  configurations.  In  terms  of  the 
refractive  index  y,  $(10)  and  it3  derivative,  <> '  2.  d$/da,  become 

$  -  (2/c)u}o°[1-(fp/f)2sech2{(zm-z)/2o)]1/2dz.  (11a) 

*'  -  (2/c)|o°[1-(fp/f )2sech2{ (zm-z)/2o)  j  ‘l/,2dz-  (11b) 

The  Integrals  in  (11a,  b)  are  known  respectively  a3  the  phase  height  h(f)  and  equivalent  (or  virtual) 
height  h(f)  of  reflection,  (The  usual  notation  for  equivalent  height  is  n' ,  but  we  here  reserve  the 
prime  to  denote  differentiation).  Both  Integrals  are  expressible  in  closed  form  through  the  change  of 


variable 

sinh{(zn-z)/2o}  -  C0  C03h  x,  C§  =.  (fp/f)2-1,  (12) 

resulting  in 

h(f)  »  2oxi,  xi  -  cosh-1{3inh(zm/2o)/C0) ,  (13a) 

h(f )  -  2o[x1-(fp/f)tanh-1{(f/fp)tanh  x1 )3.  (13b) 

If  we  Impose  the  conditions  1^  2.  zm  »  2o  and  h(f)  »  2o,  then  the  heights  of  (13)  approximate  to 

h(f)  .  h0-oln( (fp/f )2-1 ) ,  (14a) 

h(f)  -  h(f)-o(fp/f)ln((fp+f)/(fp-f)),  (14b) 

where  use  has  been  made  of  the  relationships  between  inverse  hyperbolic  functions  and  the  logarithm. 
Thus,  explicit  expressions  for  (11)  are  given  by: 

$(a)  -  wt0-a[wln{(up/»)2-1}+wpln{(up+a)/(wp-w)}],  (15a) 

(vertical  incidence) 

♦'(a)  s  d$/da  •  t0-aln( (up/a)2-1 ) ,  (15b) 

t0  ■  2h0/c,  a  -  2o/c. 


(15c) 


6-6 


The  above  discussion  has  assumed  vertical  incidence,  with  the  signal  being  transmitted  and  received 
at  the  same  site.  The  problem  of  timing  the  frequency  components  of  a  pulse  over  an  oblique  path  of 
distance  D  between  terminals  is  resolved  by  applying  the  theorems  of  Breit  and  Tuve  and  of  Martyn  [51 , 


pp.  220-226]: 

P (m)  -  D/slnSj,  (Breit  and  Tuve) 

(16a) 

h(<o)  -  h(wv)  -  h,  (Martyn) 

(16b) 

w  ■  uv  sec0j  -  Uy{1+(D/2h)2}*/,2, 

(16c) 

where  is  the  incidence  angle  of  the  ray  (for  vertical  Incidence,  0j  »  0),  and  P(w)  is  the  equivalent 
path  for  the  «  component,  i.e.,  the  distance  from  the  transmitter  to  the  reflection  height  h  and  back  to 
the  receiver.  The  notation  wv  refers  to  the  frequency  associated  with  vertical  incidence. 


From  ( 1  iJa)  the  relationship  between  uv  and  h  is  seen  to  be 

uv  -  up[1+exp{(h0-h)/c}]‘1/2,  (17) 

and  from  (loc)  it  follows  that 

w-  <op{1  +  (D/2h)2}1/2[1+exp{(h0-h)/o}3_1/2.  (18) 

Thus,  if  for  notational  convenience,  we  introduce  the  functions 

V  -  v(h)  -  1 +(D/2h)2,  6  -  6(h)  -  1 +exp{ (h0-h)/c) ,  (19) 

then  the  travel  time  over  the  oblique  path  of  that  component  of  the  signal  with  angular  frequency  u  is 
given  by: 

P(u)/c  -  (2/c)h  sec@i  -  (2h/c)(v)*/2,  (20) 

and  the  relationship  between  a  and  the  equivalent  height  h  is 

u  -  up{v/5}1/'2.  (21 ) 

The  reflected  travel  time  is  associated  with  the  first  derivative  of  the  phase  in  the  reflection 
coefficient  (8): 

<j>’(u)  -  d(>/d<o  «  P(u)/c  *  (2h/c)(v)lJ'2>  (22) 

and,  in  fact,  (22)  reduces  correctly  to  (15b)  in  the  case  of  vertical  incidence  (D  -  0).  In  the  general 
case  of  oblique  incidence,  the  phase  function, 

<M<u)  -  |i)i'(u)du,  (23) 

must  either  be  evaluated  numerically  or  approximated  by  simpler  functions,  the  latter  alternative  being 


Used  in  the  present  computer  Implementation  of  the  simulation  model.  Because  of  space  limitations,  the 
specific  equations  cannot  be  given  here  but  can  be  found  in  [52]. 

Equations  (21)  -  (23)  for  u,  and  $  can  be  used  to  compute  a  deterministic  base  for  each  term  of 
the  transfer  function  (5)  by  setting  H^vu)  ■  Rj(w)  as  in  (9).  It  is  important  to  notice  that  the 
statistical  variations  with  time  of  the  physical  oarameters  h0,  o,  and  fp  provide  the  t  dependence  of 
the  channel  transfer  function. 


5.  PULSE  RESPONSE  FOR  THE  IPH 

For  a  received  signal  Er(t)  normalized  by  a  constant  amplitude  E0,  the  pulse  response  for  the 
attenuation  A(t)  may  be  written  a3 

Ep(t)/E0  -  A(t)  -  (1/2v)JiSST(u)H(w)SR(u)eJ<«dw,  (2<1) 

where  Sj(u),  SR((o)  denote  the  source  and  receiver  frequency  responses  and  H(u)  is  the  channel  transfer 
function.  In  order  to  test  the  adequacy  of  a  model  for  the  transfer  function,  it  is  desirable  to 
compare  the  predicted  pulse  response  from  (2*0  with  actual  measurements.  Most  pulse  sounders  measure 
only  the  group  delay  of  a  propagating  mode,  resulting  in  the  usual  ionogram  trace  of  time  delay  versus 
frequency.  The  recently  developed  URL  Channel  Prober  [5-9]  measures  group  delay,  amplitude,  and  delay 
dispersion  for  wideband  or  narrow-band  pulses  and  for  either  vertical  or  oblique  incidence.  Thus, 
results  from  this  Instrument  can  be  used  to  investigate  the  usefulness  of  a  proposed  model. 

It  is  not  possible  in  general  to  represent  the  integral  of  ( 2H )  in  closed  form,  and  some  type  of 
approximation  is  necessary.  Numerical  Integration,  using  a  Fast  Fourier  Transform,  is  usually  adequate 
if  one  is  restricted  to  lower  frequency  components,  but  this  becomes  unwieldy  at  higher  frequencies. 
The  most  satisfactory  solution,  at  least  for  a  model  based  on  a  sech2  electron  density  profile  [53]  is 
the  method  of  stationary  phase.  This  approach  takes  advantage  of  the  fact  that  the  major  contribution 
to  the  Integral  occurs  near  those  frequencies  where  the  first  derivative  of  the  phase  of  the  integral 
equals  zero  [5*1,  pp.  139-1*11].  When  applied  to  (2*0,  the  result  is 

A(t)  "  20F(“o)|2««"(M0)|-1/2eJ{^(wo)-mo«'(Wo)+ir/i|) 


(25) 


where  F(u)  «  j S-j-( o)H( oi)Sfj( cj) | , 

*(u)  -  arg  Sx(u)+arg  H(u)+arg  Sr(m), 
*' (w0)+T  ’  °» 
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(26a) 
(26b) 
(26c) 

and  the  primes  denote  differentiation  with  respect  to  u.  The  summation  is  over  all  values  of  a0  that 
satisfy  (26c). 

The  stationary  phase  method  yields  a  good  approximation  to  the  pulse  response  as  long  as  F(u)  is 
not  oscillatory  near  the  roots  o  -  w0.  For  the  comparison  examples  presented  here,  |H(m)|  is  nearly 
constant  over  the  whole  frequency  range  of  interest.  The  receiver  frequency  response  is  assumed  to  be 
ideal  in  the  sense  that  its  only  effect  is  to  place  a  constant  valued  "ceiling"  and  "floor"  on  the 
received  signal  amplitude.  The  source  pulse  is  taken  to  be  Gaussian  shaped  with  an  arbitrarily  chosen 
pulse  width  and  center  frequency.  Other  source  and  receiver  responses  may  be  assumed,  of  course,  but 
their  numerical  behavior  must  follow  the  above  qualifications  if  (25)  is  to  be  used. 

A  display  of  the  pulse  response  can  be  shown  in  a  three-dimensional  format  equivalent  to  the  NRL 
Channel  Prober  outputs  in  Wagner  and  Goldstein  [6].  The  amplitude  is  plotted  versus  time  delay  and 
center  frequency  of  the  source  pulse  resulting  in  a  three-dimensional  ionogram.  The  receiver  threshold 
and  AGC  are  simulated  by  the  receiver  "floor"  and  "ceiling"  mentioned  above,  and  the  threshold  level 
that  is  chosen  can  affect  the  width  of  the  received  dispersed  pulse. 

In  the  present  comparisons,  we  set  arg  St(u)  and  arg  SR(to)  to  zero  and  assume  H(u)  »  exp{-j$(w)). 
The  expressions  used  in  computing  an  impulse  response  then  depend  on  the  input  parameters  representing 
th’e  layer  height  and  thickness  (h0  and  o),  the  penetration  frequency  fp,  and  the  path  distance  D.  a  key 
relationship  that  describes  the  trace  of  a  delay  time  versus  frequency  (t  vs  f)  record  can  be  derived 
from  (21),  (22),  and  (26c): 

hT  -  {(ct/2)2-(D/2)2)1/2i  (27) 

«T  -  wp{\it/6t)I/2,  (28) 

\>T  v(hT),  Sj  6(hT),  (29) 

with  v  and  6  given  by  (19).  For  a  given  value  of  t,  uT  can  be  found  from  (28).  Alternatively,  one 
could  choose  uT  and  unen  compute  the  corresponding  delay  time  t,  although  in  this  case,  a  root-finding 
procedure  is  necessary  to  calculate  the  equivalent  height  hT.  Note  that  the  minimum  t  must  be  greater 
than  D/c,  the  time  taken  to  transverse  the  straight  line  distance  between  terminals. 

A  maximum  frequency  um  occurs  as  hT  in  (28)  increases.  This  maximum,  called  the  MUF, 

“M  -  “p(  1  /2  ■ 

\>M  -  v(hM),6n  i  6(h[i), 

hH  -  hn+i  -  h0+oln[(hn/2o)(1+(2hn/D)2)-i], 

h,  -  h0,  n  -  1,  2,  .  .  . 

This  procedure  works  reasonably  well  as  _long  as  D  is  not  too  near  zero  and  h^,  >  2o(1+ln(D/iio)).  At 
vertical  Incidence,  approaches  up  as  hT  goes  to  infinity.  At  oblique  incidence,  signal  components 
are  reflectejd  back  to  the  receiver  from  two  different  heights,  giving  rise  to  the  so-called  low  (hT<h^) 
and  high  (hT>hn)  rays.  Components  at  frequencies  greater  than  usually  pass  on  through  the 
ionosphere,  although  returns  caused  by  scattering  processes  are  sometimes  received  at  higher 
frequencies. 

The  (deterministic)  pulse  response  for  a  single  ionospheric  layer,  assuming  the  IPH,  can  be  put  in 
the  form 

A(t)  -  |sT(ut)H(mT)SR(UT)SR(o)T)|eJ9(“t),  (32) 

where  Sf  and  SR  are  determined  by  the  source  and  receiver,  and  H  and  8  are  ^explicit  functions  of  uT, 
which  in  turn  depend  on  ionospheric  physical  parameters.  (The  derivations  of  H  and  8  are  described  in  a 
forthcoming  report  [52].)  Statistical  variations  of  the  pulse  response  are  the  result  of  variations 
over  time  of  these  physical  parameters.  Some  examples  in  the  comparisons  later  show  now  the  1PM  can 
simulate  time  variations. 

Equation  (32)  provides  a  deterministic  base  or  statistical  mean  of  the  response  for  a  given 
ionospheric  layer  configuration  and  propagation  path  distance.  As  the  path  distance  goes  to  zero,  the 
response  reduces  to  the  values  expected  for  vertical  incidence,  and  the  high  ray  disappears.  In 
addition  to  the  pulse  response,  (27 )-(29)  can  be  used  to  plot  delay/ frequency  traces  similar  to  the 
displays  of  lonograms. 

The  total  response  at  the  receiver  is,  of  course,  the  sum  of  pulse  responses  from  all  reflections. 
These  may  be  caused  by  multiple  layers  in  the  ionosphere  or  by  multihops  from  one  layer.  Modifications 
to  the  single-mode  amplitude  may  be  Introduced  to  account  for  the  effects  of  ground  reflections  or 
absorption  by  intervening  layers,  although  no  explicit  factor  has  been  used  in  the  comparisons  that 
follow. 


is  given  by 
(30a) 
(30b) 

(3D 
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The  Influence  of  an  intervening  layer  on  the  trace  of  an  ionogram  can  also  be  simulated  in  the 
present  model,  but  this  is  not  yet  included  in  the  current  pulse  response  computer  program.  For 
Instance,  if  an  E  layer  is  present,  frequency  components  that  pass  through  and  then  are  reflected  back 
from  the  F  layer  show  a  characteristic  retardation  near  the  E  layer  critical  frequency  fpE.  This  can  be 
accounted  for  in  the  model  by  adding  an  E  layer  term  to  ( 1  lia) : 

h  -  h0-oln{(fp/f)2-i}-oEln|(fpE/f)2-i|,  fpE  <  f  <  fp.  (33) 

Ah  indication  of  the  merit  of  (33)  is  shown  in  Figure  4,  which  compares  the  equation  with  an  actual 
data  sample.  The  measured  points  (denoted  by  X)  are  taken  from  Figure  4(a)  of  CCIR  [55]  and  represent 
measurements  from  an  ionogram  recorded  at  Argentine  Islands  in  the  fall  of  1958.  The  penetration 
frequencies,  o's,  and  h0  were  found  by  a  simple  fitting  procedure  to  the  measured  ionogram: 

ho  «  fp  °E  fpE 

260  34.0  8.2  39.3  2.1) 

The  model  appears  to  provide  a  reasonable  fit  to  the  actual  ionogram. 

In  summary,  we  have  that  the  required  inputs  to  the  IPM  are  the  path  distance  and  the  ionospheric 
parameters  of  layer  height,  thickness,  and  penetration  frequency.  If  one  desires  to  simulate  a 
particular  ionogram,  these  values  can  be  obtained  by  a  fit  of  the  analytic  functions  to  the  measured 
data.  Also  required  are  source  and  receiver  characteristics  as  expressed  by  their  frequency  responses 
or  appropriate  approximations.  The  output  is  the  amplitude  and  phase  of  the  pulse  response. 


6.  COMPARISONS  OF  MEASUREMENTS  WITH  IPM 

Figure  5  reproduces  an  ionogram  from  the  NRL  Channel  Prober  taken  over  a  126-km  path  in  southern 
California  [6].  At  the  time  this  ionogram  was  recorded,  the  instrument  was  operating  as  a  narrowband 
(125  kHz)  sounder  with  the  amplitude  limited  to  eliminate  most  of  the  noise.  A  simulation  of  the 
one-hop  FE  layer  return  is  presented  in  Figure  5b  showing  the  0-  and  X-modes  and  the  crossover  that 
occurs  before  the  critical  frequencies  are  reached.  No  knowledge  of  the  actual  layer  conditions  was 
available,  so  the  simulation  inputs  were  obtained  by  fitting  the  analytic  functions  to  the  measurement 
traces.  For  the  ordinary  mode,  the  results  were:  fp  -  12  MHz,  o  «  30  km,  h0  -  260  km;  for  tne 
extraordinary  mode:  fp  «  13  MHz,  o  «  28  km,  h0  »  275  km.  The  model  appears  to  provide  a  reasonable 
simulation  of  the  return,  at  least  as  a  reference  base.  Because  of  stable  conditions  during  the 
measurement  period  (a  fall  morning),  statistical  effects  are  of  minor  importance. 

Figure  6  reproduces  the  wideband  (1  MHz)  response  at  a  center  frequency  of  5.5  MHz.  A  slow 
variation  of  ionospheric  conditions  occurred  over  a  10-mir.ute  interval  of  the  measurement.  This  time 
variation  could  be  interpreted  as  either  a  variation  of  the  layer  height  with  time  or,  perhaps  more 
likely,  the  result  of  gravity  waves.  In  any  event,  the  effect  of  the  time  variation  of  the  ionosphere 
can  be  simulated  by  the  IPM  by  a  time  variation  of  the  IPM  parameters.  Both  the  0-  and  X-modes  show  a 
slight  variation  of  delay  time,  and  this  is  achieved  in  the  model  by  varying  the  height  input  h0.  The 
different  delay  widths  of  the  two  modes  are  obtained  by  fitting  to  the  measured  data.  The  cause  Of  the 
differences  in  the  0-mode  and  X-mode  delay  widths  in  the  measured  data  is  unknown,  but  is  thought  to  be 
due  to  X-mode  attenuation  of  the  leading  edge  of  the  X-mode  return.  The  cause  of  the  null  near  the 
beginning  of  the  ordinary  mode  response  is  unknown,  and  no  attempt  has  been  made  to  duplicate  this  in 
the  simulation. 

The  applicability  of  the  model  to  multiple  returns  is  investigated  in  Figure  7,  which  shows  a 
simulation  of  an  ionogram  taken  over  a  2600  km  path  from  Colorado  to  New  York.  Three  modes  were  assumed 
in  the  simulation  with  ho  values  of  300,  H00 ,  and  520  km.  Since  there  was  no  indication  of  what  the 
layer  thickness  might  be,  o  -  30  km  was  used  in  all  three  modes.  Junction  frequencies  were  estimated 
from  the  measured  ionogram,  and  from  these  were  obtained  approximate  values  for  fp:  7,  6.8,  and 
7.3  MHz.  X  modes  were  assumed  in  the  high  rays  of  both  the  first  and  third  returns,  so  these  inputs 
varied  slightly  from  the  0-mode  Inputs.  A  simple  random  function  wa3  introduced  into  the  pulse  width 
parameters  of  the  second  return  and  the  X-mode  of  the  third  return,  the  purpose  being  only  to  see  what 
effect  this  would  have  on  the  delay  dispersion. 

Simulation  of  Z-mode  propagation,  along  with  the  0-  and  X-modes,  is  shown  in  Figure  8.  The 
measured  ionogram  is  from  Reber  [56],  and  the  simulation  (of  the  lower  traces)  is  achieved  by  assuming 
three  different  values  for  the  penetration  frequencies  and  layer  heights.  The  values  used  in  the 
simulation  of  the  lower  trace  are  fp(MHz)  -  H . 5,  5.3,  5.8,  and  ho(km)  -  284,  300,  308.  The  comparison 
displayed  here  emphasizes  the  Importance  of  having  a  realistic  frequency-delay  time  relationship  in  any 
model  purporting  to  simulate  wideband  communication.  Whether  evaluating  modems,  protocols,  or  systems, 
a  model  restricted  to  stable  configurations  and  slowly  varying  frequency  ranges  will  not  allow  an 
adequate  testing  of  performance  under  the  wide  variety  of  conditions  encountered  in  actual  practice. 

The  30-called  "pulse  prints"  of  the  NRL  Channel  Prober  can  be  simulated  by  the  IPM  if  the  phase 
term  in  (32)  is  modified  to  include  the  Prober  signal  detection  process.  The  phase  of  the  received 
signal  is  mixed  with  a  local  oscillator  signal  at  the  appropriate  carrier  frequency  fc  and,  after 
filtering  and  further  processing,  a  translated  and  modified  phase  6  is  obtained.  An  analytic  expression 
that  simulates  the  pulse  print  pattern  Is 

e(f,t)  -  9(f,t0)+(de/dt)t 

-  2nK(f-f0)(T-T0)+2*fDt,  (34) 
where  tc  is  the  delay  time  associated  with  f0  and  k  is  a  constant  dependent  on  the  response  width  for  a 
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given  mode.  The  Doppler  frequency,  top  -  de/dt,  is  a  function  of  the  time  variations  of  layer  height  and 
penetration  frequency. 

Figure  9  presents  the  simulation  of  a  pulse  print  obtained  by  the  NRL  Prober  [6]  over  the  same  path 
as  in  Figure  5.  Both  the  0-  and  X-modes  are  shown,  but  the  simulation  extends  only  over  the  first 
30  seconds  of  time.  The  print  represents  the  positive  portion  of  the  in-phase  component  of  a  signal 
received  on  a  winter  afternoon,  and  the  mode  Doppler  frequency  is  constant  over  the  time  interval  shown. 


7.  APPROACHES  TO  HODELING  AND  SIMULATION  OF  NOISE  AND  INTERFERENCE 

Taking  into  account  the  effects  of  noise  and  interference  is  an  important  part  of  assessing  the 
performance  of  any  radio  system.  In  this  section,  we  begin  by  briefly  reviewing  the  noise  and 
interference  models  currently  in  general  use.  Then  we  propose  a  noise  and  interference  model  for  the 
wideband  HF  channel  and  discuss  approaches  for  the  inclusion  of  noise  and  interference  in  a  wideband  HF 
channel  simulator. 


7.1  Noise  Models 

Noise  and  interference  processes  can  be  categorized  into  two  general  types:  Class  A  and  Class  B. 
Class  A  processes  are  those  for  which  the  bandwidth  of  the  noise  is  comparable  to,  or  less  than,  the 
bandwidth  of  the  receiving  system,  i.e.,  noise  pulses  that  do  not  produce  transients  in  the  front  end  of 
the  receiver.  Examples  of  Class  A  noise  are  narrowband  processes  composed  of  Intentionally  radiated 
narrowband  signals  and  various  kinds  of  unintentionally  radiated  man-made  noise.  Class  B  processes  are 
defined  to  be  those  for  which  the  bandwidth  of  the  noise  is  greater  than  the  bandwidth  of  the  receiving 
system,  i.e.,  noise  pulses  that  produce  transients  in  the  receiver.  Class  B  noise  is  composed  of 
broadband  processes  such  as  atmospheric  noise  from  lightning  and  various  forms  of  man-made  noise  such  as 
automotive  ignition  noise. 

The  theoretical  determination  of  communication  system  performance  in  the  presence  of  noise  and 
interference  requires  a  mathematical  model  of  the  noise  and  interference.  The  main  problem  has  been  to 
develop  a  model  that  is  consistent  with  all  of  the  available  measurements  and  that  is  physically 
meaningful;  that  is,  it  can  be  directly  related  to  the  physical  mechanisms  giving  rise  to  the  noise. 
With  a  few  exceptions,  none  of  the  models  developed  to  date  satisfy  both  these  criteria.  Noise  models 
can  be  grouped  into  two  general  categories:  empirical  models,  which  are  designed  to  fit  certain 
measured  statistics  of  the  noise,  and  physical  models,  which  represent  the  entire  noise  process  itself. 

Nearly  all  of  the  existing  noise  models  are  for  Class  B  noise  (atmospheric  noise  and  certain  forms 
of  manmade  noise),  an  historical  summary  of  which  has  been  provided  by  Spaulding  [57,  58].  Probably  the 
most  widely  recognized  empirical  model  for  atmospheric  and  certain  forms  of  man-made  noise  is  that 
specified  by  the  CCIR  [59,  60].  This  model  provides  the  exceedence  probability  of  the  received  noise 
envelope  as  a  function  of  the  "voltage  deviation"  parameter  Vd,  which  is  the  dB  difference  between  the 
average  and  rms  voltages  of  the  envelope.  Since  atmospheric  noise  is  impulsive  in  nature,  its 
statistical  properties,  unlike  Gaussian  noise,  depend  upon  the  receiver  bandwidth.  However,  results  on 
the  effects  of  bandwidth  on  received  atmospheric  noise  have  been  given  by  Herman  and  DeAng.lis  [6l]. 


Another  well-known  model  for  atmospheric  noise,  which  is  mathematically  simple,  is  a  model 
developed  by  Hall  [62].  The  Hall  model  has  two  parameters,  6  and  Y,  and  is  given  by 

r(|V-. 


Pz(z) 
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and  9_, 

P[E>E0] 


(E§^2) 


(0-1)/2 


(35) 


(36) 


where  Pz(z)  is  the  probability  density  function  (pdf)  of  the  received  instantaneous  amplitude  z 
corresponding  to  the  noise  process  Z(t),  and  P(E>Eq)  is  the  cumulative  distribution  of  the  noise 
envelope,  or  amplitude  probability  distribution  (APD). 


In  a  series  of  papers,  Middleton  [63*65]  has  developed  physical-statistical  models  of  the  entire 
noise  process  for  both  Class  A  and  Class  B  noise.  These  models  are  based  upon  the  physical  processes 
responsible  for  the  noise,  are  canonical  (the  mathematical  form  of  the  models  does  not  change  for 
different  physical  situations),  and  are  mathematically  difficult  to  derive.  The  pdf  for  the  Middleton 
model  for  Class  B  noise  is 
.2, 
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where  ^F]  is  a  confluent  hypergeometric  function.  The  parameters  a  and  Aa  are  related  to  the  physical 
processes  causing  the  noise  and  0  is  a  normalization  parameter.  The  corresponding  expression  for  the 
APD  Is  „  r  „  2>- 

H-2*  Affi  rll^l.F, (i~;  2;  1°  II  (38) 
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Middleton  has  shown  [61)]  that  this  Class  B  model  approximately  reduces  to  the  Hall  model  for  certain 
values  of  the  parameters. 


For  Class  A  noise  the  only  model  developed  to  date  is  the  Middleton  Class  A  model.  This  model  is 
given  by 
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P(E>E0)  -  e-A  J0  g  e-E0/om  . 
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The  model  has  two  parameters,  A  and  r'.  A  is  related  to  the  impulsiveness  of  the  noise,  and  as  A 
becomes  large  (>10)  the  noise  approaches  narrowband  Gaussian  noise;  f  is  the  ratio  of  the  energy  in 
the  Gaussian  component  of  the  noise  to  the  energy  in  the  non-Gaussian  components. 


To  date  the  Middleton  models  are  the  only  noise  models  which  have  been  physically  derived  and  show 
agreement  with  a  wide  variety  of  measurements.  For  a  large  number  of  comparisons  of  the  models  with 
measurements  and  for  a  review  of  other  noise  models,  see  Spaulding  and  Middleton  [66]. 


7.2  Wideband  Noise  and  Interference  Modeling  and  Simulation 

As  discussed  above,  noise  and  interference  models  fall  into  two  general  classes:  empirical  models 
and  physical-theoretical  models.  However,  from  the  point  of  view  of  predicting  system  performance  and 
designing  optimum  detectors,  a  model  based  upon  the  physics  of  the  noise  process  is  preferable  to  an 
empirical  model  because  of  its  greater  flexibility.  For  Class  A  noise,  the  only  model  is  the  Middleton 
model,  which  is  analytically  quite  complicated.  However,  over  bandwidths  on  the  order  of  1  MHz,  one 
expects  to  encounter  many  (perhaps  hundreds)  narrowband  HF  interferers.  In  the  limit  Of  large 
bandwidth,  it  can  therefore  be  argued  that  one  expects  the  Class  A  noise  to  be  approximately  described 
by  a  Gaussian  process  as  a  result  of  the  central  limit  theorem,  assuming  the  noise  is  not  dominated  by  a 
few  noise  sources.  This  approximation  corresponds  to  truncating  the  Middleton  Class  A  model  after 
one  term. 


In  the  case  of  Class  B  noise,  it  is  not  so  clear  <,..at  the  above  argument  can  be  applied, 
particularly  if  the  noise  is  dominated  by  a  few  impulsive  processes,  for  example,  noise  pulses  from 
lightning  in  a  local  thunderstorm.  However,  as  pointed  out  above,  the  Middleton  Class  B  model 
approximately  reduces  to  the  Hall  model  for  atmospheric  noise  for  certain  values  of  the  model 
parameters.  We  therefore  propose  describing  wideband  noise  and  interference  as  a  combination  of  a 
Gaussian  process  and  the  Hall  model. 

Since  a  zero-mean  Gaussian  process  is  described  by  one  parameter  (the  variance  or  rms  deviation) 
and  the  Hall  model  is  described  by  two  parameters,  the  proposed  wideband  model  contains  a  total  of 
three  parameters.  If  one  fixes  the  Hall  model  parameters  with  those  values  for  which  it  approximates 
the  Middleton  Class  B  model  [63],  the  total  number  of  parameters  is  reduced  to  one. 

The  verification  of  this  proposed  model  by  comparisons  with  measurements  is  currently  under 
investigation.  In  this  connection,  an  empirical  wideband  HF  noise  and  Interference  model  based  on 
measured  data  has  recently  been  proposed  [26].  This  model  Js  a  spectral  occupancy  model  that  describes 
the  fraction  of  spectral  resolution  cells  in  which  the  power  exceeds  a  given  threshold  as  a  function  of 
that  threshold.  It  can  also  be  viewed  as  the  probability  that  a  given  power  level  Is  exceeded  as  a 
function  of  power  level.  Figure  10  is  a  schematic  illustration  of  this  model,  in  which  the  logarithm  of 
the  exceedence  probability  Is  plotted  as  a  function  of  power  level  on  a  log-log  plot.  The  point  we  wish 
to  make  is  that  between  a  minimum  power  level  (corresponding  to  the  noise  floor)  and  the  maximum 
observed  power  level  the  plot  is  linear,  as  suggested  by  the  data.  Moreover,  it  can  be  shown  that,  for 
sufficiently  high  power  levels,  "Hall  noise"  leads  to  an  approximately  linear  relationship  between 
exceedence  probability  and  power,  when  plotted  on  a  log-log  scale.  On  the  other  hand,  Gaussian  noise 
leads  to  a  logarithmic  relationship  on  a  log-log  scale.  In  Figure  10  the  occupancy  models  arising  from 
pure  Gaussian  noise  and  pure  "Hall  noise"  are  also  shown.  Current  studies  are  directed  toward  obtaining 
an  expression  for  the  spectral  occupancy  of  combined  Hall  plus  Gaussian  noise. 

In  order  to  simulate  the  noise  and  Interference,  one  needs  a  model  for  the  time  statistics  as  well 
as  amplitude  statistics.  For  his  model  Hall  also  developed  expressions  for  the  average  rate  of  envelope 
crossings  and  distributions  of  pulse  width  and  pulse  spacing.  For  LF  atmospheric  noise  the  model  showed 
good  agreement  with  data  for  the  envelope  crossing  rate  but  poor  agreement  for  pulse  width  and  spacing. 
In  the  case  of  HF  noise,  the  predictions  should  be  checked  with  wideband  HF  measurements,  similar  to 
those  performed  by  Coon  et  al.  [66]  in  the  case  of  narrowband  HF  noise.  Measurements  of  the  time 
statistics  are  Important  not  only  for  model  verification,  but  for  system  planning  as  well.  For  example, 
both  amplitude  and  time  statistics  are  needed  to  obtain  distributions  of  the  duration  of  unoccupied 
channels,  which  13  of  practical  Interest. 


8.  CONCLUSIONS  AND  FUTURE  WORK 

The  initial  motivation  for  the  investigation  of  a  new  HF  channel  model  was  the  interest  in  wideband 
HF  systems  for  both  communications  and  over-the-horizon  radar  applications.  The  Watterson  model  was 
validated  only  for  narrowband  (less  than  3  kHz)  channels  and  is,  therefore,  not  applicable  to  the 
modeling  of  the  wideband  HF  channel.  Further  motivation  for  the  development  of  a  new  HF  channel  model 
is  due  to  the  limitations  of  the  Watterson  model,  which  are 

•channels  having  time  and  frequency  statlonarity 
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•channels  having  negligible  delay  dispersion  (e.g.,  no  spread-F) 

•channels  having  only  a  low-ray  path 

As  noted  by  LaRoux  et  al.  [37],  the  CCXR  HF  channel  model  [30]  is  representative  of  the  HF  medium 
in  only  a  limited  number  of  cases.  The  Watterson  model,  and  simulators  based  on  this  model,  have 
provided  a  powerful  means  for  the  laboratory  evaluation  of  narrowband  HF  communication  systems. 
However,  the  limitations  on  the  model  restrict  the  generality  of  the  test  results  obtained  from  such 
laboratory  testing. 

A  new  approach  to  HF  channel  propagation  modeling  is  reported  in  this  paper.  The  objective  of  the 
Ionospheric  Parameters  Model  (IPM)  project  is  to  develop  a  model  that  can  be  used  for  the  wideband  HF 
channel.  The  model  can  also  be  used  for  modeling  the  narrowband  HF  channel  but  is  less  restrictive  than 
the  Watterson  model.  The  deterministic  portion  of  the  model  is  complete.  Good  results  have  been 
obtained  in  the  comparison  of  the  model  output  with  measured  wideband  channel  probe  data  for  a  variety 
of  propagation  conditions. 

The  next  step  in  the  model  development  methodology  is  to  add  the  time-varying  statistics  to  the 
deterministic  base  reported  in  this  paper.  After  the  time  variations  are  added  to  the  model,  it  must  be 
subjected  to  the  same  statistical  validation  techniques  used  by  Watterson  [28,  29]  in  the  validation  of 
the  narrowband  model. 

The  software  Implementation  of  the  IPM  model  is  straightforward.  Less  clear  is  the  functional 
structure  of  the  model  that  can  be  readily  implemented  in  a  hardware  wideband  HF  channel  simulator. 
This  issue  is  under  investigation. 

Modeling  of  the  noise  and  interference  for  a  wideband  HF  channel  is  equally  important.  An  approach 
for  this  part  of  the  wideband  model  was  outlined  in  Section  7.  Work  remains  in  validation  of  the 
noise/ interference  model  through  the  use  of  wideband  noise  and  interference  measurements. 
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Figure  1.  Interrelationship  of  wideband  HF  channel  measurements,  modeling, 
and  simulation  programs. 


Figure  2.  Tap  delay  line  channel  model  structure. 


Figure  3.  The  role  of  channel  theory  and  measurements  in  modeling  and 
simulation. 
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a)  Synthesized  ionograms  from  CCIR 
[55]  models  compared  to  measured 
ionograms. 


b)  Synthesized  ionograms  from  ITS 
ionospheric  parameter  model  compared 
to  measured  ionograms. 


Figure  !J.  Comparison  of  Ionospheric  Parameters  Model  ionogram  with  ionograms 
produced  by  other  models. 
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a)  ionogram  from  NRl,  channel  probe  [6]. 
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b)  ionogram  produced  by  IPM  model. 


Figure  5.  Comparison  of  measured  ionogram  for  a  126-km  path  (fall,  morning)  with  an 
ionogram  produced  by  Ionospheric  Parameters  Model. 
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a)  ionogram  from  URL  channel  probe  b)  ionogram  produced  by  IPM  model, 

(provided  courtesy  of  L.  Wagner). 

Figure  7.  Comparison  of  measured  ionogram  for  2600-km  path  (Boulder,  CO,  to 
Verona,  NY)  with  an  ionogram  produced  by  the  IPM  model. 
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Table  1.  Validation  of  Watterson  Model 


Sample 

1 

2 

3 


_ Period _ 

13  minutes  (daytime) 
10  minutes  (daytime) 
13  minutes  (evening) 


Tx.  Frequency  (MHZ) 
9.259  MHZ 
9.259  MHZ 
5. 86*1  MHZ 


Valid 

Bandwidth 

12.0  kHZ 

8.0  kHz 

2.5  khz 


One  path:  Long  Branch,  IL,  to  Boulde",  CO  (129^  km) 

One  season:  November,  1967 

Data  were  chosen  that  "seemed  most  nearly  stationary  In  terms  of  fading  rates, 
model  time  delays,  and  average  power  In  the  modes"  [28]. 
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DISCUSSION 


J.S.  BELROSE 

I  am  absolutely  astonished  by  the  assumptions  you  have  made  to  model 
propagation,  viz  no  magnetic  field  and  no  collisional  damping  of  the  wave. 
Polarization  fading,  magneto-ionic  fading, deviative  and  non-deviative  absorption 
are  such  fundamental  parameters  that  they  cannot  be  neglected  in  any  realistic 
modelling.  A  further  comment, an  X-mode  trace  was  modelled,  but  with  no  magnetic 
field  there  would  be  no  X-mode.  This  is  curious,  and  particularly  sine-*  you 
seem  to  show  a  very  detailed  correlation  between  your  model  and 
sophisticated  ionospheric  probe  data. 

Could  you  clarify  ? 

AUTHOR'S  REPLY 

It  must  be  remembered  that  the  IPM  is  a  simulation  model  and  not  a  propagation 
prediction  model.  The  IPM  should  be  considered  in  the  same  manner  as  the 
narrowband  Gaussian-based  simulation  models,  i.e.,  such  things  as  X-modes 
and  collisional  damping  are  described  by  model  parameters  that  give  the 
effect  of  the  physical  process.  For  instance  in  figure  5,  the  0-mode  and 
X-mode  are  simulated  by  the  two  sets  of  layer  parameters  stated  in  the  text  ; 
however,  the  X-mode  parameters  are  not  obtained  through  any  theoretical 
analysis  of  the  geomagnetic  field. 


K.C.  YEH 

It  is  not  clear  how  comparison  between  the  experimental  data  of  L.  WAGNER 
and  your  model  was  made.  As  I  recall  your  ionospheric  model  of  sech  ionospheric 
profile  requires  a  few  parameters  such  as  layer  height,  thickness  and  critical 
freauency.  How  are  these  parameters  obtained  ? 

Was  there  simultaneous  vertical  ionosonde  data  during  oblique  sounding  ? 

Of  course,  L.  WAGNEP. 's  system  does  provide  the  oblique  sounding  data  which 
can  be  used  to  get  a  model  profile.  Was  it  used  ? 

AUTHOR'S  REPLY 

The  values  for  the  model  parameters  were  obtained  by  fitting  the  tau-frequency 
relation  (Equation  (2S)J  to  the  measured  ionogram  traces.  For  instance,  the 
penetration  frequency  is  usually  easy  to  determine,  and  the  layer  height 
and  thickness  can  then  be  solved  for  by  a  fit  of  the  equation  to  the  measured 
trace.  No  attempt  was  made  to  "fine-tune"  the  fit,  and  the  rough  approxima¬ 
tions  used  appear  to  describe  the  returns  quite  adequately.  If  parameter 
values  had  been  available  from  independent  measurements,  these,  of  course, 
would  have  bean  used. 

C.  GOUTELARD 

Are  you  using  the  theorems  of  MARTYN  and  of  BREIT  and  TUVE  in  your  model, 
which  seems  so  sophisticated  ? 

AUTHOR'S  REPLY 

The  theorems  of  MARTYN  and  of  BREIT  and  TUVE  are  necessary  to  derive  the 
tau-frequency  relation  for  oblique  incidence.  This  allows  the  IPM  to 
characterize  the  low-  and  high-ray  returns  near  the  junction  frequency  in  a 
realistic  manner.  It  is  this  frequency  region  that  the  usual  Gaussian  model 
approach  is  least  able  to  simulate. 
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SEQUENCES  D'ETALEMENT  A  SYNCHRONISATION  OPTIMALE 
PAR  COMMUTATION  D'OPERATEURS  INCOMMUTABLES 


C.  GOUTELARD 

Laboratoire  d' Etude  des  Transmissions  Ionosphdriques 
94230  CACHAN  -  FRANCE 


RESUME 


L'un  des  principaux  problAmes  des  transmissions  par  dtalement  de  spectre  reside  dans  la 
difficult^  d’acqudrir  la  synchronisation  sur  la  sequence  d'dtalement.  La  procedure  basde 
sur  la  correlation  pour  les  sequences  longues  necessite  un  grand  nombre  d' operations 
considerees  dans  les  mdthodes  classiques  comme  incommutables. 

II  existe  cependar.t  des  sequences  dans  lesquelles  la  commutation  des  operations  est 
possible,  ce  qui  reduit  le  nombre  d 1  operations,  allege  la  complexite  des  ddcodeurs  et 
surtout  assure,  avec  le  maximum  de  sdcurite,  une  synchronisation  en  un  temps  minimum. 

Les  contraintes  mathdmatiques  que  doivent  respecter  ces  sequences  pour  obtenir  la 
commutativite  des  opdrateurs  sont  ddfinies  et  des  structures  de  sequences  sont  proposdes. 

Une  famille  de  sequences  est  donnee  en  exemple. 


I.  -  INTRODUCTION  - 

Les  techniques  d’dtalement  de  spectre  par  des  sequences  numdriques  utilisent  souvent 
des  codes  pseudo  aldatoires.  Leur  utilisation  est  souvent  dictde  par  la  simplicite 
des  systAmes  gendrateurs,  cependant  la  synchronisation  de  la  rdplique  A  la  reception 
qui  est  ndcessaire  pour  obtenir  une  bonne  adaptation  est  une  procedure  souvent  longue. 
Des  procedures  gendrales  de  synchronisation  (1]  [2]  ont  dtd  dtudides  et  de  no.nbreuses 
procedures  spdcifiques  ont  Ate  proposdes  [3],  [4],  [5]. 

L'utilisation  de  filtres  adaptds  a  permis  d'effectuer.  dans  certains  cas  [6],  les 
calculs  avec  rapidite. 

L'emploi  des  fonctions  de  correlation  partielles [7]  ou  de  combinaisons  de  sequences 
[8]  a  ete  propose  pour  apporter  des  ameliorations  dans  la  discretion  ou  dans  la  facilitd 
de  synchronisation. 

Cependant,  la  synchronisation  des  sequences  demeure  particuliArement  complexe  dans  le 
cas  des  forts  taux  d'dtalement.  La  synchronisation  se  fait  alors  par  1 ' intercorrdlation 
entre  le  signal  requ  et  la  rdplique  du  signal  d'dtaleraent  et  sa  recherche  necessite 
alors  de  nombreuses  operations.  Ainsi,  dans  le  cas  d'dtalements  obtenus  par  sequences 
directes  A  L  symboles,  le  nombre  moyen  de  correlations  A  effectuer  est  egal  A 
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Lorsque  la  correlation  est  effective  sur  la  sequence  complete,  le  nombre  moyen  de 

L2 

multiplications  complexes  S  rdaliser  est  dgal  A  -j-  . 

La  realisation  de  correlations  effectudes  sur  une  ^artie  de  la  sequence,  sur  L 
symboles,  rdduit  le  nombre  moyen  d'opdrations  A  mais  la  detection  est  d'autant 

plus  sous  optimale  que  e(  est  petit.  En  effet,  le  signal  obtenu  est  d'dnergie  plus 
faible  et  le  fonction  de  correlation  est  altdrde. 

Une  mdthode  d'acquisition  de  la  synchronisation  rdduisant  la  complexite  du  calcul  est 
proposde.  Elle  s'appuie  sur  1 'utilisation  de  sequences  adcomposables  en  sous  sequences 
soumises  A  des  contraintes  mathematiques  particuliAres . 

II.  -  METHODE  ET  RELATIONS  GENERALES  - 


Soit  deux  suites  et  ddfinies  par  une  suite  de  N  symboles. 

Sk  =  fsko’  skl ’  sk2  sk  N-l1 

et  Sh  =  [sho’  shl ’  sh2 -  sh  N-l 1 

On  forme 

Spk  =  fSk>  Sk’  SkJ  =  [po  pi  •“  P3N-13 

Soh  =  tSo>  Sh’  SoJ  =  lqo  qi  •••  q3N-l5 

ou  SQ  denote  la  suite  composee  de  N  symboles  nuls. 

On  ddfinit  alors  la  fonction  de  correlation  pdriodique  par  : 

N-l  , 

Ckh "  =  X!  P(i+")  qi  °Q  "  6  {  -(N-l),(N-l)j 

n=l 

Soient  K  suites  ,  $2>  •••  S^,  ...  S ^  telles  que 

Ckh(n)  =  0  V  k»  h  *  k  £.  {  1,  kJ 
ThdorAme  1 


(1) 


Si  on  forme  la  suite 

SE  =  sEi  =  Isli’  s2i ’  sKi^  . J 

alors  la  fonction  d'auto  correlation  Cgg(n)  de  la  suite  Sg  prend  les  valeurs 

Ce(n)  =0  si  n  j*  Km  ‘r  {  -  K(N-l)  .  K(N-1  )J 

m  <£  Z 

Cg(Km)  =  Ckk(ra) 

k  K 
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•ft' 


TheorAme  2 


Si  on  forme  la  suite 

SA  =  [ -  sAi  =  HI,  *  kski  •  •  •  1 

k  £  K 

alors  la  fonction  d 1  autocorrelation  SA(n)  de  SA  prend  la  valeur  : 


k«-E 


IKk!|-ckk(n> 


ke  K 


Une  suite  Sg,  de  longueur  KN,  a  une  fonction  de  correlation  A  pointe  unique  si  et 
seulement  si  : 


E 

k£  K 


Ckk(m)  -  0  Vm  |  1»  N-l| 


(2) 


Ce  type  de  fonction  est  celui  recherche  dans  les  systAmes  A  Atalement  de  spectre.  II 
peut  done  etre  obtenu A partir  de  suites  eidmentaires  rdpondant  aux  conditions  (1)  et  (2). 

En  choisissant  ll^ll2  =  1,  la  fonction  de  correlation  CA(n)  de  la  suite  SA  prend 
alors  les  valeurs  : 

CA(n»0)  =  CE(n=0)  =  N2 

CA(ni«0)  =  CE(njtO)  =  0 

Les  deux  suites  formees  ont  meme  fonction  de  correlation  pour  n  e.  {  °>  N"1}  ,  cependant 

la  sequence  Sp.  est  de  longueur  KN  alors  que  la  sequence  S.  est  de  longueur  N.  he  calcul 

L  2  2  “  2 
de  la  fonction  Cg(n)  ndeessite  K  N  operations  alors  que  CA(n)  n'en  impose  que  N  . 

L' existence  de  telles  suites  permet  done  de  rdduire  la  complexite  des  calculs  relatifs 
A  la  synchronisation  par  la  transformation  de  la  sequence  emise  SE  enune  sequence  SA- 

III.  -  CONSTRUCTION  DES  SUITES  D'ETALEMENT  - 


Des  suites  optimales  rdpondant  aux  conditions  (1)  et  (2)  sont  constructibles . 
Considdrons  la  suite  A  q  valeurs  dans  F  =  2r 

q 

S(k,b)  =  [V  •••  si  sbNo-J 


oh 


S( i=ko+lb)  = 

Kkf  +  k0Ko) 

mod  q  =  2C 

avec 

o 

o 

a: 

..  b  -  1 j 

1  £  {  0,  . 

••  V1  ) 

k  {  0,  . 

••  K-ll 

avec  bK  =  N 

On  peut  alors  construire  K  suites  de  longueur  bNQ  auxquelles  on  peut  faire  correspondre 
K  sequences  A  q  valeurs  complexes  distinctes. 
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Wk,b  =  ("o’  Wi  =  «S1  •••  WbNo-l] 


en  posant 


„  _  » 
W  =  e  No 


p  et  No  premiers. 


Ces  suites  sont  munies  des  propridtds  suivantes 


Progri|t|_l . 


Ckk(n)  S  0 


\/n  |1  b2B 
avec  B  e. 


C,.  (n=b2B)  =  Ifb  [(kbB)  mod  q] 

j\.  K  O 


Propridt|_2. 


Ckh(n)  =  0 


V n 

V  k  f  h 


Progri|t|_3. 

E<W>  =  0 


Les  conditions  (1)  et  (2)  sont  vdrifides  et  on  obtient  finalement  une  suite  S„  de 

2  b 
longueur  L  =  Nq  ,  telle  que  : 


cE(n)  =  Nq2 
CE(n) s  0 


si  n  =  0 


si  n  i  0 


n  e  {-(n02-D,  (n02-i)} 


IV.  -  ACQUISITION  DE  LA  SYNCHRONISATION  - 

Si  on  effectue  la  synchronisation  sur  la  longueur  totale  de  la  sequence,  le  nombre 
de  multiplications  moyen  (figure  1)  est  dgal  A 


E  '  2 


La  sequence  est  en  fait  composde  de  K  suites  de  longueur  bNQ  avec  lesquelles  il  est 
possible  de  former  une  sequence  S^  selon  le  schdma  de  la  figure  2  dans  laquelle  on 


effectue  en  premier  1’ operation  donnant  s^  : 


V  1  ? 

n  " 


k  ski 


Le  nombre  moyen  de  multiplications  A  effectuer  pour  rechercher  le  maximum  de  CA  est 
alors 

„  _  b2No2  _  b2L 
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La  determination  de  la  synchronisation  ndcessite  ensuite  de  rechercher  la 
synchronisation  de  la  suite  S_  parmi  les  K  positions  donndes  par  la  suite  S..  Le 

u  ir>j.  2  A 

nombre  d' operations  moyen  pour  cette  derni&re  etape  est  dgal  A  — —  si  bien  que  le 
nombre  moyen  d' operations  devient  : 


„  _  b  L  +  KL 

N .  =  - 

A  2 


La  valeur  optimale  de  N.  est  obtenue  pour  b  =  qui  donne  alors 

A  2 


N 


Amin 


3 _ 

25/3 


L4/3  =  0,95  L4/3 


it  3  2 

La  complexite  du  calcul  varie  dans  ce  cas  en  hq'  au  lieu  de  Lz  dans  le  cas  d'un  calcul 
direct . 

Ainsi,  pour  des  sequences  de  longueur  L  =  1000,  le  volume  de  calcul  est  divise  par  50 
et  pour  des  longueurs  L  =  10000  le  volume  de  calcul  est  divise  par  250. 


V.  -  CONCLUSION  - 

La  recherche  de  synchronisation  dans  les  systAme  A  dtalement  de  spectre  requiert  un 
volume  de  calcul  qui  croit  rapidement  avec  le  taux  d'dtalement. 

En  formant  des  sequences  d'etalement  A  partir  de  sous  sequences  dotdes  de  caractdris- 
tiques  spdcifiques,  il  devient  posible  de  commuter  les  opdrateurs  additionneurs  et 
multiplicateurs. 

Cette  commutation  conduit  A  une  reduction  consdquente  du  volume  de  calcul  qui  permet 
d'envisager  des  procedures  de  synchronisation  optimales  rapides. 
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Figure  l 


Schema  conventionnel  des  correlateurs 

4 

No  multiplications 


Figure  2 

Schema  de  correlateur  obtenu  par 
commutation  d'operateurs  :IdNoa multiplications 
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DISCUSSION 


D.J.  FANG 

Could  you  comment  on  the  interleave  requirement  for  implementing  your  scheme  ? 
In  particular,  what  is  the  buffersize  capacity  (or  the  total  No.  of  bits  to 
be  interleaved).  Is  the  capacity  comparable  to  the  state-of-the-art  memory 

size  ? 

AUTHOR ' S  REPLY 

L' implantation  ne  ndcessite  pas  une  mdmoire  de  grande  capacity.  En  effet, 
les  calculs  se  font  "on  line"  et  il  n'est  pas  ndcessaire  de  Stocker,  comme 
dans  un  entrelacement  classique,  la  totality  des  symboles  avant  le  traitement. 
Cette  simplification  vient  justement  de  la  commutation  ddcrite  des  opdrateurs. 
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RADIO  CHANNEL  MEASUREMENT  AND  MODELLING  FOR  FUTURE  MOBILE  RADIO  SYSTEMS 

E  Giirdenli  and  P  W  Huish 
British  Telecom  Research  Laboratories 
Martleshain  Heath 
Ipswich  IPS  7RE 
United  Kingdom 


SUMMARY 

Digital  mobile  r«.dio  systems  will  require  planning  methods  that  provide  accurate  predictions  of  signal  strength,  distortion  and  in 
terfercnce  for  situations  ranging  from  very  small  cells  in  dense  urban  locations  to  large  rural  cells.  Topographic  and  land  usage  data  bases 
will  find  increasing  use  to  enhance  the  accuracy  of  prediction  models. 

The  paper  discusses  the  implications  of  these  issues  and  reports  on  the  work  in  progress  at  British  Telecommunications  Research 
Laboratories  on  land  mobile  radio  propagation  modelling  and  wide-band  channel  measurements. 


1.  INTRODUCTION 

The  growth  of  analogue  private  mobile  radio  (PMR)  and  cellular  ladiotelephone  systems  has  emphasised  the  need  for  accurate  means 
of  predicting  the  coverage  area  and  quality  of  service  given  by  a  particular  base  station  and  the  system  as  a  whole.  This  trend  is  likely  to 
continue  with  the  introduction  of  the  Groupe  Speuale  Mobile  (.GSM)  Pan-European  digital  cellular  radio  system  and  subsequent  genera¬ 
tions  of  systems,  which  will  be  capable  of  supporting  a  larger  number  of  users,  offer  a  greater  variety  of,  perhaps,  integrated  services  and 
achieve  a  much  greater  utilisation  of  the  radio  spectrum  than  their  predecessors.  In  addition,  with  hand  portable  units  becoming  a  signifi¬ 
cant  part  of  the  mobile  population,  coverage  must  be  planned  in  a  diverse  range  of  environments  including  buildings  and  public 
transport. 

The  performance  of  an  analogue  radio  system  is  mainly  determined  by  an  adequate  signal  to  noise  and  signal  to  interference  ratio. 

The  planning  of  an  analogue  system  is  therefore  often  performed  on  the  basis  of  achieving  a  sufficiently  high  probability  of  adequate 
signal  strength  and  signal  to  inteiference  power  ratio  within  the  service  area.  With  appropriate  software,  embodying  a  reliable  prediction 
method,  radio  coverage  maps,  such  as  that  shown  in  Fig  1,  can  be  produced  to  show  the  coverage  provided  by  a  particului  transmitter. 

Digual  systems  provide  comparable  quality  at  lower  signal  to  noise  or  signal  to  interference  ratios  than  current  analogue  systems. 
However  the  threshold  effect  associated  with  all  digital  systems  may  cause  the  edge  of  the  service  area  to  be  sharply  defined  as  are  any 
holes'  within  that  area.  This  will  place  a  greater  requirement  for  accuracy  in  the  propagation  prediction  models  used  to  plan  these 
systems,  and  hasten  the  introduction  of  an  environment  dependent  path  loss  correction. 

The  work  ol  contributors  to  the  EEC  collaborative  project  COST  207  and  the  various  working  groups  of  the  GSM  have  demonstrated 
the  died  of  multipath  distortion  on  the  performance  of  the  radio  system.  Thus,  account  should  be  taken  of  the  radio  system  equaliser’s 
ability  to  counteract  the  environment  dependent  multipath  distortion  in  the  presence  of  interference  and  noise  when  planning  a  system. 
Since  multipath  propagation  is  generated  pnnupally  by  the  mobile's  local  environment,  the  introduction  of  an  algorithm  that  relates 
multipath  phenomena  to  the  local  environment  seems  inevitable. 

The  major  differences  between  current  (analogue)  and  future  (digital)  systems  can  be  summarised  as  these. 

•  much  greater  numbers  of  handheld  units,  with  users  located  in  buildings,  open  spaces  and  public  transport, 

•  wider  range  of  cell  sizes,  ranging  trom  micro-cells  in  cities  to  large  rural  cells, 

•  a  sharper  definition  of  the  coverage  area  due  to  the  different  variation  ol  quality  with  signal  to  noise  ratio  of  a  digital  system, 

•  a  tendency  to  be  interference  limited  in  the  areas  of  densest  use. 

These  factors  create  the  need  for  new  prediction  methods  that  will  facilitate  the  planning  and  implementation  of 
digital  systems. 


2.  PATH  LOSS  PREDICTION 

The  various  methods  of  predicting  the  power  received  in  a  mobile  receiver  from  a  fixed  transmitter  (and  vice  versa)  can  be  broadly 
divided  into  two  categories.  One  category  might  include  the  empirical  prediction  methods  such  as  those  of  Okumura  [I],  and 
Ibrahim.  Paisons  (2j,  etc.  These  rely  on  a  simple  power  law  dependence  of  signal  strength  with  distance,  and  some  empirically  derived 
factors  which  relate  to,  for  example,  the  height-gam  of  the  antenna  system  and  the  operating  frequency.  Since  the  path  loss  is  related  to 
the  other  parameters  by  a  simple,  linear,  algebraic  equation,  it  is  possible  to  calculate  the  value  of  one  parameter  (e.g.  antenna  height), 
given  a  knowledge  of  all  the  other  parameters,  by  a  simple  icarrangement  of  the  equation.  This  is  a  particular  advantage  of  thest  models. 

The  second  category  includes  those  models  where  an  attempt  is  made  to  calculate  the  diffraction  loss  along  the  direct  path  between 
the  transmitter  and  receiver.  Typical  methods  include  those  used  by  the  BBC  [3],  and  Longley  and  Rice  (4). 

Tot  areas  where  terrain  features  are  not  significant,  empirical  models,  usually  based  on  Okumura  are  used.  However  the  presence  of 
significant  terrain  features  require  diffraction  effects  to  be  considered,  and  the  methods  of  the  second  category  find  favour.  Tigure  1 
demonstrates  the  dose  relationship  between  the  terrain  leauies  (heights  in  metres)  above  sea  level  and  the  path  loss  predictions  (in  dBs) 
for  a  hilly  area  of  20  x  20  km  square. 

The  .mproved  accuracy  obtained  with  the  diffraction  based  models  in  hilly  terrain  can  still  be  compromised  by  the  effect  of  buildings 
and  other  natuial  arid  man  made  features  which  obstruct  or  otherwise  influence  the  propagation  path  between  mobile  and  base  station 
and  ate  not  included  in  the  terrain  database.  A  solution  to  this  deficiency  is  the  incorporation  of  an  empirical  correction  factor,  based  on 
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Fig  1  Height  and  patlt  loss  contours  for  a  hilly  area  in  NW  England. 

the  mobile's  local  environment,  into  the  path  loss  calculadon.  This  correction  factor  can  be  derived  by  comparing  measured  and  predicted 
path  loss  data  for  similar  environments.  A  central  feature  of  this  is  the  classification  of  the  environment  according  to  its  land  cover  or 
usage.  The  base  station  is  assumed  always  to  be  sited  clear  of  immediate  obstructions,  although  in  practice  this  might  not  be  the  case. 

The  derivation  of  this  land  usage  data  almost  invariably  involves  manual,  and  therefore,  costly  procedures.  With  the  emergence  of 
geographic  information  systems  (GIS)  [5],  which  use  digital  database  technology  to  enable  the  storage  and  retrieval  o.  geographic  (and 
other)  information  indexed  to  some  co-ordinate  system,  it  seems  inevitable  that  land  usage  data  will  ultimately  become  available  m 
machine  readable  form.  This  process  would  be  enhanced  by  the  adoption  of  some  standard  categories  of  land  use,  which  relate  to  the 
standards  employed  in  a  GIS,  and  which  are  generally  applicable  throughout  the  world. 

The  number  of  categories  can  be  decided  from  both  statistical  and  intuitive  viewpoints  which,  in  this  instance,  yield  a  similar  result. 
Okumura's  correction  factors  cover  a  range  of  about  30  dB  and  a  good  prediction  model  might  be  expected  to  achieve  an  accuracy 
characterised  by  a  standard  deviation  of  about  3  dB.  Different  categories  must  be  oeparated  by  an  amount  similar  to  this  standard 
deviation,  giving  about  ten  categories. 

On  a  more  subjective  basis,  consideration  of  the  known  effects  of  vegetation  and  buildings  on  radio  propagation  suggests  the 
following  characteristics  should  be  used  to  distinguish  between  land  usage  types: 

®  vegetation  density,  e.g.  a  few  trees  or  a  dense  forest, 

•  building  density  —  fraction  of  area  covered  by  buildings, 

®  building  height. 

This  also  leads  to  a  ten  point  scale,  which  is  shown  m  Table  1.  Table  2  shows  how  this  corresponds  with  the  various  categories 
employed  by  other  organisations  (1,3,6, 7). 

In  order  to  determine  the  correction  factors  fo;  each  category,  the  nppioach  has  been  as  follows.  Tirst  any  land  usage  corrections  used 
in  the  prediction  method  are  suppressed.  Measured  and  predicted  path  loss  data  for  a  particular  base  station  site  are  then  grouped 
according  to  land  usage  and  the  correction  factors  found  as  the  average  difference  between  measured  and  predicted  values.  The  standard 
deviation  illustrates  the  spread  in  the  results,  which  is  due  to  several  factors.  These  include  the  intrinsic  accuracy  of  the  prediction  model 
on  different  terrain  profiles,  the  accuracy  of  determining  the  land  usage  category  (often  a  subjective  piocess),  and  how  well  the  measured 
data  represents  th?  areas  being  considered. 

As  an  example,  data  measured  in  the  Ipswich  area  was  used  to  derive  correction  facto.s,  at  160  MID,  900  MHz  and  2  GHz,  for  a 
diffraction  based  model.  The  transmitter  was  mounted  on  the  radio  tower,  55  m  AGL,  at  the  British  Telecom  Research  Laboratories, 
located  some  ’  km  to  the  east  of  the  town  centre.  The  data  was  gathered  by  recording,  with  position  information,  the  mean  value  of  a 
block  of  1024  samples,  taken  at  3.3  cm  intervals,  of  the  received  power  level  from  a  C\V  transmission.  These  mean  values  were  convened 
to  path  loss  and  assembled  into  blocks  corresponding  to  squares  on  a  500  a  500  m  grid.  The  use  of  a  high  base  station  in  a  relatively 
flat  environment  means  that  the  results  should  be  relatively  immune  to  any  additional  diffraction  loss  arising  from  buildings  along  the 
path. 

The  land  usage  data  was  derived  manually  using  a  mixture  of  large  scale  maps,  local  knowledge,  and  site  visits.  Whilst  this  effort  is 
justified  for  experimental  work,  it  is  probably  unacceptable  for  routine  system  planning  work.  To  avoid  problems  due  to  small,  and 
potentially  unrepresentative  data,  500  m  squares  containing  less  than  ten  values  are  discarded,  as  are  land  usage  categorns  represented  by 
less  than  50  squares.  Thus,  for  this  particular  set  of  data,  correction  factors  could  only  be  obtained  for  land  usage  categories  1,  5,  and  6 
giving  the  results  in  Table  3,  showing  the  average  correction  factors  and  their  standards  deviations  in  dBs. 

It  is  worth  noting  that  the  correction  factor,  predictably,  increases  with  increasing  level  of  urbanisation  (from  category  1  to  6).  This 
effect  becomes  more  pronounced  with  increasing  frequency.  The  accuracy  of  the  predictions,  indicated  by  the  standard  deviation,  is 
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channel.  The  amplitudes  of  the  direct  signal  and  the  echoes  may  undergo  rapid  fluctuations  thereby  altering  the  impulse  response  of  the 
channel  according  to  the  speed  of  the  mobile  (and/  or  the  scatterers).  Therefore,  a  receiver  has  to  be  able  to  cope  with  the  distortion 
arising  from  echoes  in  the  channel  as  well  as  the  rapid  changes  in  the  nature  of  this  distortion.  Such  characteristics  of  the  mobile  radio 
channel  are  described  by  the  ‘power-delay  profiles’  and  the  ‘Doppler  spectra’  which  are  obtained  from  wide  band  channel  sounding 
measurments. 

From  the  works  of  Zadeh  [8j  Kailath  (9),  and  Bello  [10J  it  has  been  shown  that  a  time-varying  linear  channel  can  be  characterised 
in  a  systematic  manner  by  a  linear  transversal  filter.  The  output  of  this  filter  contains  a  sum  of  delayed  and  Doppler  shifted  versions  of 
the  input  signal.  The  channel  is  then  represented  by  what  Bello  calls  the  ‘delay-DoppIer-spread  function’.  This  function  (sometimes 
relerred  to  as  the  ‘scattering  function')  represents  the  multipath  phenomenon  in  the  three  dimensions  of  time  delay,  Doppler  frequency 
and  power.  It  has  been  adopted  in  the  more  recent  works  of  Cox  (11)  in  the  USA,  and  Parsons  and  Bajwa  (12)  in  the  UK.  This 
formulation  is  particularly  suitable  for  constructing  a  multipath  simulator  in  the  form  of  a  dynamic  transversal  filter. 

4.  WIDE-BAND  CHANNEL  MEASUREMENT  TECHNIQUES 

4.1  Techniques 

The  various  techniques  used  to  measure  the  wide-band  channel  fall  into  three  categories  —  unit  impulse  measurements,  swept 
frequency  measurements  and  cross-correlation  techniques.  The  first  of  these  requires  high  peak  powers  whilst  swept  frequency 
measurements  can  be  time  consuming,  due  to  low  sweep  rates,  and  require  the  use  of  the  Fourier  transform  to  extract  the  impulse 
response,  correlation  techniques  offer  increased  sensitivity  over  the  unit  impulse  methods  as  well  as  higher  measurement  rates  and  simpler 
data  processing  than  the  swept  frequency  measurements.  Measurements  using  both  pulse  and  correlation  techniques  are  described  in 
Berthoumieux  et  al  [13],  whilst  results  from  the  swept  fcquency  technique  are  described  ir,  Matthews  and  Molkdar  [14], 

The  correlation  technique  involves  the  transmission  of  a  ‘sounding’  signal  which  consists  of  a  carrier  frequency  modulated  with  a 
pseudo-random  binary  sequence.  This  is  detected  in  the  receiver  which  can  use  either  a  matched  filter  or  a  series  of  correlators  to  extract 
the  impulse  response.  The  use  of  a  matched  filter  allows  the  impulse  responses  to  be  recorded  in  real  time  and  places  no  practical 
limitation  on  the  vehicle  speed  for  collecting  Doppler  information.  However,  this  requires  fast  sampling  speeds  and  produces  large 
amounts  of  data  for  storage  before  processing.  The  alternative  to  matched  filter  reception  is  to  use  PRBS  correlators  in  the  receiver. 

Early  sounders  using  this  technique  employed  multiple  correlators  working  in  parallel  (one  for  each  delay).  A  time-multiplexed  correlator 
was  developed  by  Bailey  [15]  to  characterise  the  tropospheric  channel  at  2  GHz  obviating  the  need  for  a  number  of  correlators  in  the 
receiver.  A  similar  type  of  sounder  was  used  by  Cox  [11]  to  study  multipath  propagation  at  910  MHz  in  a  mobile  radio  environment.  In 
this  technique,  the  phase-keyed  pseudo-random  reference  signal  is  swept  by  the  incoming  signal  in  the  receiver  producing  a  complex  (in- 
phase  and  quadrature)  analogue  correlation  output  which  is  proportional  to  the  true  channel  impulse  response,  but  scaled  in  time.  This  is 
the  type  of  sounder  chosen  by  BTRL  for  the  simplicity  of  its  construction,  lower  transmitter  power  and  recording  bandwidth 
requirements  and  the  relatively  simple  data  logging  and  processing  involved. 

4.2  The  BTRL  sounder 

The  important  parameters  of  the  BTRL  sounder  are  1.25  MHz  RF  frequency,  5  Mbit/s  chip  rate,  255  bit  PRBS  sequency  and  1 
kHz  clock  olfset  giving  a  bandwidth  reduction  factor  [u.ite  scaling)  of  5000.  Thus  a  complete  record  of  the  channel  impulse  response  is 
obtained  in  us  quadrature  components  in  255  ms.  The  resolution  is  0.2  /»s  and  the  maximum  delay  measurable  51  /is.  Time  and  frequency 
synchronisation  between  the  transmitter  and  the  receiver  is  provided  by  a  pair  of  atomic  frequency  references  capable  of  an  accuracy  of  1 
part  in  10  11.  Quadrature  components  of  the  impulse  response  are  recorded,  along  with  timing  and  mobile  receiver  position 
inlormanon,  on  an  analogue  tape  recorder.  The  recording  is  subsequently  digitised  in  the  laboratory  and  transferred  to  a  microcomputer 
Figure  3  shows  a  schematic  diagram  of  the  sounder. 
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Fig  3  The  sounder. 
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4.  knowledge  of  (he  receiver  movement  with  respect  to  the  position  of  the. transmitter  makes  it  possible  to  remove  the  line-of-sight 
propagation  delay  from  the  impulse  responses  during  data  processing.  Although  recorded  in  complex  form  (thus  making  it  possible  to 
calculate  the  Doppler  spectra),  only  the  amplitude  of  the  channel  impulse  response  has  been  processed  in  the  form  of  ‘power-delay 
profiles’. 

4.3  Vehicle  speed  and  averaging  distance 

It  has  been  observed  that  the  greatest  change  in  the  echo  delay  occurs  when  the  mobile  moves  along  the  same  or  reciprocal  bearing  as 
the  echo.  Since  the  main  concern  is  with  echo  delays  that  arc  greater  than  a  few  hundred  nanoseconds  (from  a  comparison  of  coherence 
bandwidths  with  the  proposed  GSM  system  bandwith  and  possible  frequency  hopping  distances),  changes  in  echo  delays  of  a  lew  tens  ol 
nanoseconds  are  of  little  importance.  Therefore,  it  can  be  assumed  that  the  channel  impulse  response  is  stationary  over  distances 
corresponding  to  such  small  variations  in  the  delays  as  far  as  the  macroscopic  multipath  structure  is  concerned.  The  resolution  of  the 
sounder  represents  a  radial  distance  of  60  ni.  This  has  been  used  as  the  averaging  distance  to  remove  the  Rayleigh  fading  leaving  the  slow 
fading  or  shadowing  effects  unchanged.  Given  that  the  sounder  records  four  impulse  responses  per  second  a  vehicle  speed  of  up  to  20-30 
mph  is  possible  with  between  18  and  27  records  avetaged  over  a  distance  of  60  m. 

On  'he  other  hand,  to  collect  Doppler  information  accurately,  a  more  severe  restriction  exists  on  the  mobile  speed.  The  measurement 
rate  of  four  impulse  responses  per  second,  restricts  the  measurement  of  Doppler  frequency  to  2  Hz,  and  limits  the  vehicle  speed  to  2.4 
km  ’h  at  900  MHz.  Clearly  with  such  restrictions  on  the  speed  of  the  mobile,  a  practical  measurement  cannot  be  expected  to  collect  the 
fast  fading  information  required  wi'hout  risking  the  safety  of  the  survey  team  in  fast  traffic  conditions.  For  this  reason  the  measurements 
reported  here  were  taken  at  normal  urban  traffic  speeds  (20-30  mph)  and  the  delay-Doppler  information  is  not  available. 


5.  ANALYSIS  AND  PRESENTATION  OK  THE  MEASURED  DATA 

The  aim  of  the  measurements  described  here  was  to  facilitate  the  specification,  optimisation  and  planning  of  the  GSM  system.  Thus 
care  had  to  be  taken  to  ensure  they  represented  realistic  conditions  of  use.  The  most  important  considerations  were  as  follows. 

•  The  transmitter  power  and  the  receiver  sensitivity  had  to  be  compatible  with  the  nroposed  system. 

•  The  base  station  antennas  had  to  be  placed  at  realistic  heights,  i.e.  not  too  low. 

•  The  measurement  locations  would  cover  a  range  of  terrain  types  and  land  usage  variations. 

•  The  size  of  the  measurement  area  had  to  be  appropriate  for  the  location  and  land  usage,  e.g.  smaller  in  urban  areas  than  in  rural 

ones. 

Furthermore,  the  results  must  be  presented  in  context  of  their  geographical  probability  so  that  their  significance  from  a  system  design 
and  planning  point  of  view  is  appreciated.  For  example,  any  performance  criterion  expressed  in  terms  of  a  percentage  of  locations  must 
be  related  to  traffic  density.  Whilst  this  latter  point  is  not  addressed  here,  the  results  are  presented  in  the  form  of  cumulative  distributions 
(CDs)  providing  an  indication  of  the  probability  of  occurrence  in  a  given  location. 

The  quantities  ‘mean  delay’  and  the  ‘delay  spread’  as  defined  by  Cox  [11]  had  been  used  previously  to  present  this  type  of  data 
statistically  However,  these  two  parameters  are  not  sufficient  to  describe  some  of  the  important  characteristics  of  the  channel. 

Recognising  this  fact,  COST  207  has  recommended  [16,17]  the  use  of  two  further  parameters  in  the  statistical  analysis,  to  describe  the 
length  of  the  impulse  response  and  the  distribution  of  the  energy  within  it.  The  first  of  these  is  the  ‘delay  interval’  defined  as  the  length 
of  the  impulse  response  between  two  values  of  excess  delay  which  mark  the  first  time  the  amplitude  of  the  impulse  response  exceeds  a 
given  threshold  and  the  last  time  it  falls  below  it.  The  other  is  the  length  of  the  middle  portion  of  the  power  profile  containing  a  certain 
percentage  of  the  total  energy  found  in  that  impulse  response. 

It  is  worth  noting  that  the  effects  of  noise  and  spurious  signals  in  the  system  (from  rf  to  data  processing)  can  be  very  significant. 
Therefore,  it  is  important  to  determine  the  noise, 'spurious  threshold  of  the  system  accurately  and  to  allow  a  safety  margin  on  top  of  that. 

In  the  analysis  of  the  results  reported  here,  minimum  peak-to-spurious  ratios  of  15  dB  for  Keswick  and  10  dB  for  London  were  used 
as  acceptance  criteria  for  a  record  to  be  included  in  the  statistics.  It  should  be  pointed  out  that  the  h  ghest-perccntage  delay  window  CDs 
and  the  lowest -threshold  delay  interval  CDs  should  be  interpreted  with  care,  as  these  CDs  contain  entries  closest  to  the  spurious  threshold 
of  the  system  The  lowest-threshold  delay  intervals  arc  particularly  sensitive  in  this  respect  because  of  the  peak-to-spurious  acceptance 
criterion  mentioned  above. 

The  measured  impulse  reponses  were  subjected  to  a  qualitative  evaluation  by  playing  back  the  recorded  components  of  the  impulse 
responses  through  a  quadrature  modulator  at  a  suitable  IF  to  display  the  power-delay  profiles  on  a  network  analyser  (this  also  gave 
alogarithmic  display).  The  use  of  a  storage  normaliser  allowed  the  averaging  to  be  implemented.  This  provided  a  quick,  qualitative 
assessment  of  the  location  surveyed. 

6.  MEASUREMENTS  IN  AN  URBAN  AREA 

The  transmitter  was  located  at  a  height  of  58  m  above  ground,  on  the  roof  of  a  15  storey  building  near  Old  Street  station  in  north¬ 
east  central  London  The  ERP  from  the  omni-directional  antenna  was  14  dBW  (including  an  antenna  gam  of  8  dB).  A  3  dB  gam  receiver 
aerial  was  mounted  at  around  1 .2  m  above  ground,  on  the  roof  of  a  saloon  car  carrying  the  receiver.  The  route,  lying  in  a  dense  urban 
area,  varied  between  1 .6  and  3.2  km  in  distance  from  the  transmitter. 

Results  for  three  sections  of  this  route  are  presented.  These  sections  were  selected  because  they  are  appreciably  different  from  each 
other  in  composition  and  yet  sufficiently  homogenous  within  each  section.  In  each  case,  a  sample  impulse  response  is  given  together  with 
CDs  of  the  mean  delay,  delay  spread,  50,  75  and  90%  delay  windows  and  -5,-7  and  -  12  dB  delay  intervals. 

The  first  section  runs  along  the  Embankment  between  its  junctions  with  Blackfriars  Bridge  and  Waterloo  Bridge  and  is  just  under  1 
km  long  Most  of  this  section  is  bordered  on  one  side  by  the  River  Thames  (200+  in  wide)  and  on  the  other  (transmitter)  side  by  tall 
buildings  and  rising  ground  The  majority  of  this  section  is  characterised  by  a  relatively  high  signal  strength  comprising  an  attenuated 
direct  path  due  to  shielding  and  a  strong  source  of  echoes  from  the  far  side  of  the  river.  A  sample  impulse  response  is  shown  in  Fig  4. 
The  CDs  of  the  mean  delay,  delay  spread,  delay  window  and  delay  interval  as  defined  above  are  also  shown  for  this  section  of  the  route. 
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CDF  of  mean  delays 


CDF  of  delay  spreads 


CDF  of  delay  windows 


Fig  4  London:  sample  impulse  response  and  cumulative 

distributions  along  the  Embankment  between  Blackfriars 
and  Waterloo  Bridges. 


CDF  of  mean  delays 


CDF  ol  delay  spreads 


CDF  of  delay  windows 


CDFS  of  delay  intervals 


Fig  5  London:  sample  impulse  response  and  cumulative 
distributions  along  the  Embankment  between 
Waterloo  Bridge  and  the  Houses  of  Parliament. 
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The  second  section  of  the  route  runs  from  Waterloo  Bridge  to  the  Houses  of  Parliament  and  is  just  over  1  km  long.  It  is  similar  to 
the  first  section  but  lies  almost  radially  to  the  transmitter.  Consequently,  a  strong  direct  signal  is  observed  and  the  delay  spread  reduces 
although  a  strong  echo  from  the  other  side  of  the  river  is  occasionally  present.  Figure  5  shows  a  sample  impulse  response  from  this 
section  and  the  CDs  of  the  four  delay  parameters. 

The  third  section  represents  ‘inland’  parts  of  the  route,  lies  along  Long  Acre  near  Covcnt  Garden  and  is  around  1  km  long.  This  part 
of  the  route  is  substantially  fiat  and  heavily  built  up.  Generally,  the  signal  strength  was  low,  often  below  the  threshold  of  the  sounder. 
Therefore,  only  a  less  detailed  account  is  possible  and  this  is  represented  by  Fig  6. 


7.  MEASURMfcATS  IN  A  iliLLY  AREA 

The  area -surrounding  Keswick,  in  Cumbria,  was  chosen  as  the  location  for  measurements  in  a  hilly/mountainous  ar  .  The 
transmitter  was  located  just  outside  Keswick  (about  1.5  km  from  the  town  centre)  at  the  site  of  an  IBA  television  transmitter.  The  height 
of  the  ground  was  170  m  above  sea  level  (ASL),  the  antenna  being  mounted  on  a  10  m  high  mast.  The  ERP  was  11  dBW  including  the  5 
dB  gain  of  the  horizontally  omni-directional  antenna.  The  vertical  beamwidth  of  the  antenna  was  18  °  with  a  6  ®  down-tilt.  The 
surroundings  were  mainly  farmland  with  partial  blockage  due  west  and  north  because  of  trees.  The  IBA  mast,  a  45  m  lattice  structure, 
was  about  10  m  away  due  south-west.  During  the  measurements  the  weather  was  overcast,  breezy  but  dry  on  the  first  day  and  wet  with 
frequent  rain  showers  on  the  second.  The  route,  around  50  km  long,  lay  in  an  area  about  10  km  by  15  km  mostly  within  5  km  of  the 
transmitter,  the  furthest  point  being  around  12  km  away.  There  were  two  lakes  (70—80  m  ASL)  in  the  area  surrounded  by  hills  and 
mountains  generally  200—500  m  ASL  with  some  peaks  in  the  range  700—900  m  ASL.  The  more  gentle  slopes  were  covered  by  farmland 
whereas  the  steeper  hills  were  afforested.  Most  of  the  route  lay  on  low  ground,  frequently  along  the  edge  of  the  lakes.  Height  contours 
for  the  area  were  used  to  check  the  path  profiles  for  linc-of-sight  from  the  transmitter  to  the  points  along  the  route.  A  total  of 
approximately  50%  of  the  route  was  found  not  to  have  Iine-of-sight.  However,  it  should  be  pointed  out  that  some  of  the  distant  parts  of 
the  route  which  did  not  have  line-of-sight  to  the  transmitter  did  not  yield  useable  data  either. 

Data  from  the  whole  route  was  analysed  in  500  record  blocks  representing  up  to  2.2  km  of  road  distance  travelled  (for  a  maximum 
vehicle  speed  of  40  mph).  Three  such  blocks  have  been  selected  for  presentation  here  representing  ‘better  than  typical’,  ‘worse  than 
typical’  and  ‘typical’  parts  of  the  route.  This  categorisation  is  based  on  a  subjective  assessment  made  from  a  study  of  the  impulse 
responses  observed  and  the  CDs  obtained  following  the  statistical  analysis  of  the  data  and  its  correspondence  with  system  performance 
may  not  be  exact.  The  typical  category  represents  approximately  50%  of  this  route  whilst  20%  is  better  and  30%  worse  than  typical.  In 
each  case,  a  sample  impulse  response  is  included  to  give  a  direct  impression  of  the  channel.  This  is  accompanied  by  the  usual  four  CDs 
of  the  mean  delay,  delay  spread,  50,  75  and  90%  delay  windows  and  -  10,  - 12  and  - 15  dB  delay  intervals. 

Figure  7  shows  results  from  a  ‘better  than  typical’  part  of  the  route  when  the  channel  is  relatively  ‘quiet’.  Few  echoes  are  present  and 
they  are  much  smaller  than  the  direct  signal.  The  corresponding  CDs  reflect  the  absence  of  long  excess  delays.  75%-window  and  -  12  dB 
interval  CDs  show  that  almost  all  excess  delays  are  under  1  /is. 

The  channel  can,  at  times,  contain  a  large  number  of  echoes,  some  ranging  up  to  30  /is  although  the  amplitudes  of  such  echoes  are 
rarely  large  compared  with  the  direct  signal.  Such  ‘worse  than  typical’  parts  of  the  route  can  be  represented  by  the  CDs  of  Fig  8  which 
shows  90%  of  75%-windows  to  be  under  18  /is  and  90%  of  - 12  dB  intervals  under  14  /is. 

On  average,  this  route  may  best  be  characterised  by  the  CDs  of  Fig  9.  The  sample  impulse  response  shows  most  of  the  energy  to  be 
concentrated  around  the  direct  signal,  nominally  within  10  /is.  The  mean  and  spread  CDs  show  90%  of  the  mean  delays  to  be  under  2  /is 
and  90%  of  the  delay  spreads  under  5  /is.  The  75%  delay  windows  as  well  as  -  12  dB  delay  intervals  indicate  values  under  3  /is  for  90% 
of  the  time. 


8.  CONCLUSIONS 

Because  of  the  increased  operational  requirements  and  the  particular  characteristics  of  digital  systems,  the  system  planner  must  adopt 
additional  methods  and  a  higher  degree  of  precision  when  planning  future  mobile  communications  systems.  The  requirements  may  be 
summarised  as  follows: 

•  accurate  prediction  of  signal  strength  in  open  areas,  inside  buildings  and  in  public  transport, 

•  accurate  prediction  of  interference,  particularly  in  small  cell  arrangements  in  urban  areas, 

•  prediction  of  distortion  that  would  degrade  system  performance  even  if  the  above  two  points  were  adequate. 

The  first  two  points  above  require  advances  in  path  loss  prediction  techniques  such  as  the  incorporation  of  correction  factors  based  on 
land  usage.  To  facilicate  the  widespread  availability  of  land  usage  data  a  ten  point  scale  has  been  proposed  illustrating  how  empirical 
correction  factors  can  be  derived  from  measured  data.  The  widespread  application  of  this  technique  requires  that  reliable  land  usage 
information  be  available  in  machine  readable  form,  perhaps  from  a  geographic  information  system. 

An  additional  requirement  for  digital  systems  is  to  relate  the  system’s  ability  to  cope  with  distortion  and  interference  to  the  distortion 
and  interference  present  at  a  particular  location.  This,  in  turn,  requires  a  statistical  knowledge  of  the  variability  and  magnitude  of  the 
multipath  propagation  and  a  knowledge  of  the  values  of  the  parameters  that  define  the  limits  of  the  system’s  performance.  In  this 
context,  the  concept  of  a  signature  as  used  for  terrestrial  microwave  radio  relay  systems  is  a  useful  starting  point  although  there  is 
considerable  need  for  enhancement  both  in  providing  realistic  dynamic  stress  as  well  as  additional  echo  paths. 

Work  is  under  way  to  gather  the  propagation  data  and  develop  the  planning  tools  required.  The  results  of  measurements  at  two 
locations  have  been  presented.  Siow  speed  measurements  are  necessary  to  obtain  Doppler  information,  but  higher  speed  measurements 
can  provide  useful  information  on  delay/power  profiles  that  characterise  different  environments.  There  remains  the  need  to  develop  a 
prediction  model  for  the  perform?  .ice  of  digital  systems  based  on  topographic  and  land  usage  information  using  either  empirical,  or 
analytic  methods. 

From  the  results  presented  here  it  is  possible  to  draw  some  comparative  conclusions  and  to  offer  a  subjective  assessment  of  the  mobile 
radio  channel  at  900  MHz.  As  expected,  longer  delays  have  been  measured  in  the  hilly  environment  of  Keswick  than  in  dense-urban 
central  London.  Although  ercess  delays  reaching  10  /is  have  been  seen  in  London,  in  the  majority  of  cases  the  delays  are  of  the  order  of 
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Fig  6  London,  sample  impulse  response  and  cumulative 
distributions  along  Long  Acre  near  Covent  Garden. 


i 


Fig  7  Keswick,  sample  impulse  response  and  cumulative 

distributions  representing  better  than  typical  sections  of  the 
route. 
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delay,  microseconds  delay,  microseconds 


CDF  of  mean  delays  CDF  of  mean  delays 


delay,  microseconds  delay,  microseconds 


CDF  of  delay  spreads  CDF  of  delay  spreads 


delay,  microseconds  delay,  microseconds 


CDF  of  delay  windows  CDF  of  delay  windows 
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Fig  8  Keswick:  sample  impulse  response  and  cumulative  Fig  9  Keswick,  sample  impulse  response  and  cumulative 

distributions  representing  worse  than  typical  sections  of  the  distributions  representing  the  typical  sections  of  the  route, 

route. 
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a  few  microseconds.  Foi  the  route  around  Keswick,  a  figure  of  10  /is  ma>  be  more  appropriate  despite  the  presence  of  longer  echoes 
sometimes  reaching  30  /is. 

One  significant- feature  of  these  results  is  the  variability  of  the  channel  over  relatively  short  distances  (1—2  km).  This  means  that  the 
planning  of  the  operational  systems  will  require  more  location-specific  information  on  the  channel.  Careful  selection  of  the  base  station 
locations  as  well  as  the  antenna  heights  and  radiation  patterns  will  help  minimise  the  effects  of  multipath  distortion  and  maximise  the 
quality  of  service. 
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RESUME 

La  propagation  large  bande  par  ondes  de  sol  est  etudiee  dans  une  zone  geographique  semi-rurale  en  mesurant 
la  reponse  impulsionnelle  complexe  entre  une  station  fixe  at  un  mobile.  On  presente  les  distributions  des 
principaux  estimateurs  statistiques  pour  150,  250  et  400  MHz.  Par  ailleurs,  1 'analyse  des  multitrajets  pre¬ 
sents  et  1* identification  oe  leur  cause  physique  est  realisee  pour  des  lieux  de  mesures  particulars. 


1.  INTRODUCTION 

Pour  une  source  d'emission  donnee,  un  mobile  ou  une  station  tactique  regoivent  l'onde  directe  ainsi  que  des 
echos  dus  a  la  topographie  du  terrain  et  aux  constructions  liees  a  l'activite  humaine.  Les  multitrajets  crees 
limitent  les  performances  des  systemes  de  transmissions  large  bande  ou  de  localisation.  Lorsque  l'on  realise 
une  transmission  numerique  vers  un  mobile  il  existe,  en  absence  d'egalisation,  un  rythme  binaire  de  transmis¬ 
sion  maximum  lie  a  l'etalement  temporel  du  aux  multitrajets.  Une  transmission  par  etalement  PN  sera  particu- 
lierement  vulnerable  au  moment  de  la  prise  de  synchronisation  lorsque  le  retard  associe  au  pic  dominant 
fluctue  rapidement  le  long  du  chemin.  Pour  un  systeme  de  goniometrie  bande  etroite  par  interferometrie  un 
echo  de  faible  amplitude  relative  peut  causer  une  erreur  de  localisation  importante. 

II  results  de  ces  elements  que  1 'analyse  large  bande  de  la  propagation  des  ondes  de  sol  est  essentielle  pour 
estimer  les  performances  de  materiels  existants  ou  specifier  les  caracteristiques  de  materiels  nouveaux.  Les 
systemes  radioelectriques  lies  a  la  propagation  par  ondes  de  sol  et  a  des  antennes  omnidirectionnelles  en 
azimut  utilisent  pnncipalement  des  frequences  inferieures  a  1  GHz.  Pour  les  frequences  inferieures  a  30  MHz 
la  propagation  par  ondes  de  sol  est  plus  ou  moins  fortement  couplee  a  la  propagation  ionospherique.  Compte 
tenu  de  la  complexite  des  phenomenes  toute  experimentation  devrait  etre  specifiquement  developpee  en  vue 
d  une  application  particul ibre.  Les  resultats  d' experimentations  autour  de  900  MHz  etant  nombreux,  l'Adminis- 
tration  frangaise  a  done  decide  de  faire  realiser  des  mesures  dans  la  bande  30-400  MHz  pour  laquelle  les 
donnees  experimental  dispombles  sont  insuffisantes.  La  premiere  phase  de  1 'experimentation  a  ete  effectuee 
dans  la  bande  150-400  MHz.  La  seconde  phase  sera  ulterieurement  realisee  dans  la  bande  30-88  MHz. 

On  presente  dans  ce  papier  des  resultats  concernant  la  premiere  phase  de  T experimentation  realise^  dans 
une  zone  geographique  semi-rurale  (Vallee  de  Chevreuse)  sur  trois  frequences  egales  'a  150,  250  et  400  MHz. 


2.  DESCRIPTION  DE  L‘ EXPERIMENTATION 

La  reponse  impulsionnelle  complexe  du  canal  hc(t)  est  estimee  par  une  technique  de  correlation  en  transmet- 
tant  une  sequence  binaire  PN  de  longueur  maximale  modulee  en  BPSK.  En  reception  le  signal  refu  est  correle 
avec  une  replique  de  la  sequence  transmise  en  utilisant  une  ligne  SAW.  On  exploite  uniquement  le  module 
hm(c)  de  l'enveloppe  complexe  en  sortie  du  correlateur  : 

(1)  |hm(tf)l  =  |  he  *  b  1 

La  fonction  b(c)  traduit  1' influence  des  filtres  d'emission  et  de  reception  ainsi  que  de  la  fonction  d'auto- 
correlation  de  la  sequence  transmise  .Les  principales  caracteristiques  du  banc  de  mesure  sont  resumees  ci- 
aprbs  : 

*  Puissance  moyenne  Emission  :  100  W 

1  Emission  :  Log-periodique  G  =  9  dBi 
Reception  :  (150  MHz  — >  Ground-plane 
(250/400  MHz  — >  DipOle 
Polarisation  verticale 

*  Sequence  PN  (  150  MHz  — >  63  moments  de  200  ns 

(  250/400  MHz  — >  127  moments  de  50  ns 

Les  antennes  de  reception  placbes  sur  le  mobile  ont  un  diagramme  de  rayonnement  omnidirectionnel  ci  +_  2  dB 
prfes . 

Pour  un  chemin  donnd  de  deplacement  du  mobile  on  realise  l’enregistrement  des  modules  de  la  reponse  impulsion¬ 
nelle  complexe  en  des  points  regul ibrement  espacds  de  mbtre  environ.  On  effectue  successivement  cet  enre- 
tistrement  pour  les  trois  frequences  d'experimentation  sur  une  distance  d'environ  300  metres.  L' experimenta¬ 
tion  a  etd  rdalisbe  sur  28  chemins  de  mesure  repartis  dans  une  zone  geographique  faiblement  vallonnee  et 
fortement  boisde.  Le  parambtre  Ah  caractdrise  le  degrb  d’ irrdgularite  du  terrain.  Ce  parambtre,  estime 
suivant  le  mdthode  de  Longley  et  Rice  ((15])  est  compris  entre  15  et  50  mbtres.  Les  distances  moyennes  entre 
l'emetteur  et  les  28  chemins  de  mesures  sont  comprises  entre  1.5  et  10  Km. 

L'analyse  des  resultats  expdrimentaux  requiert  implicitement  que  la  fonction  de  corrblation  frequence-temps 
du  canal,  formbe  b  partir  de  la  fonction  de  transfert  dquivalente  basse  frdquence,  soit  quasi-stationnaire 
en  temps  et  en  frdquence  (canal  QWSSUS  03_]).  La  fonction  diffusion  retard  du  canal  uc(c)  exprime  la  puissance 
moyenne  regue  en  fonction  du  retard  : 
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(2)  u c(rf)  =  |  *  E  [  |hc(0|2] 

On  notera  um(r)  la  fonction  diffusion  retard  qui  prend  en  compte  V influence  du  banc de mesure  sur  l'estimation 
de  uc(tO  : 

(3)  =  i. .  ^ 


L'hypothese  ergodique  permet  d'estimer  la  valeur  de  la  fonction  diffusion 
chemin  de  longueur  2  L  centre  sur  1‘abscisse  curviligne  So  : 


'4) 


l1) 


d_ 
ZL,  ' 


|klE,-S)|  . 


lkte>|A.£.r 


retard  um(z)  sur  un  trongon  de 


«U 


L'integrale  (4)  est  evaluee  S  partir  des  N  echantillons  de  la  reponse  irapulsionnelle  mesures  sur  la  distance 
2  L. 

La  valeur  moyenne  P  de  la  puissance  efficace  rSgue  sur  un  trongon  de  chemin  (2  L?  20h  par  exemple) 
lorsque  l’on  transmit  une  porteuse  pure  d‘ amplitude  unite  permet  de  definir  1 'attenuation  de  propagation  de  la 
liaison.  Cette  puissance  .°rm  s'exprime  en  fonction  de  um(z:)  : 

“vnl  C)  oLc* 


3.  DISTRIBUTION  DES  PRINCIPAUX  EST1HATEURS  STAT1STIQUES  DU  CANAL 
3.1.  Retard  moyen  et  etalement  temporel 

Le  retard  moyen  t  et  '‘etalement  tempcrel  QJ  sont  definis  par  los  relations  : 

f*- 

(6)  E  =  —■  )  Jit!  T*  = 

rim  1 


(tT-  c).  <=/-t 

'-W 


Pour  chaque  trongon  de  chemin  elementaire  on  obtient  un  profil  puissance  moyenne  -  retard  (c'est  S  dire 
u  (tf))pour  lequel  les  parametres  c  et9J  sont  calcules.  Les  distributions  du  retard  moyen  et  de  1  etalement 
temporel  sont  respectivement  representees  par  les  histogrammes  des  Fig.  1  a  ->  c  et  des  Fig.  2  a  ->  c  pour 
les  trois  frequences  de  1 'experimentation  (150,  250  et  400  MHz).  Le  tableau  ci-dessous  fournit  une  synthbse 
des  resultats  : 


Frequences 

MHz 

Nombre 

de 

prof i 1 s 

Retard  moyen 

JUS 

Etalement  temporel 
ps 

Valeur 

moyenne 

Ecart 

type 

Valeur 

maximale 

Valeur 

moyenne 

Ecart 

type 

Valeur 

maximale 

150 

152 

0.5 

1.2 

5.6 

0.85 

1.3 

5 

250 

336 

0.2 

0.5 

4.1 

0.4 

0.55 

3 

400 

252 

0.15 

0.4 

2.2 

0.3 

0.45 

2.6 

Bien  qu'en  moyenne  faible,  1 'etalement  temporel  prend  des  valeurs  blevees  pour  quelques  configurations  de 
terrain  pour  lesquelles  on  obtient  simultandment  une  onde  de  retard  minimum  fortement  attdnuee  avcc  des  echos 
arrifcre  d'amplitudes  elevees.  Pour  ces  configurations  les  mesures  h  250  MHz,  et  surtout  ci  400  MHz,  btaient 
parfois  trop  bruitees  pour  etre  exploiters.  L'accroTssement  de  l'attbnuation  avec  la  frequence  est  done  la 
principale  raison  de  la  diminution  de  la  valeur  moyenne  de  l'dtalement  temporel  lorsque  la  frequence  augmente. 

3.2.  Bande  de  coherence 

Pour  up  canal  QHSSUS  la  transform^  de  Fourier  de  u  (C)  est  egale  h  la  fonction  de  correlation  frequence 
RHm  (A|).  En’utilisant  la  relation  (3)  on  obtient  i"1 

(8)  Rifa(tt).  -  I  bVj-bi-d^ 
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avec  B(f)  =  Y  [  blr)J 


fonction  de  correlation 
largeur  du  module  oa  la 


cumulees  pour  les  trois 
frequences  de  1 'experimentation  (Fig.  3).  Les  resultats  obtenus  sont  resumes  ci-apres  : 


La  fonction  d'autocorrelation  Rb(&P  traduit  l'influence  du  banc  de  mesure  sur  la 
frequence  Rhih(AJ)  estimee.  La  bande  de  coherence  du  canal  Bc  est  dbfinie  comme  la 
fonction  de  correlation  frequence  Rhc(A|)  du  canal  (largeur  a  0.9  ou  0.5). 

La  distribution  des  bandes  de  coherence  b  0.9  sont  representees  par  des  fonctions 


Frequences 

MHz 

Bande  de  coherence  a  0.9  (kHz) 

Valeur  minimale 

Pour  10  %  des  lieux  Be  ^ 

150  MHz 

15 

30 

250  MHz 

24 

130 

400  MHz 

27 

110 

4.  ANALYSE  DES  MULTITRAJETS  PRESENTS  SUR  DEUX  LIEUX  DE  HESURES 
4  1.  Exemple  1 

L'etalement  teraporel  le  plus  eleve  a  ete  obtenu  a  150  MHz  pour  un  chemin  de  mesures  situe  dans  le  plan  de 
propagation  sur  le  flanc  d'une  colline  (Fig.  4).  Le  retard  moyen  et  l'etalement  temporel  demeurent  tres 
importants  sur  la  totalite  du  chemin  (Fig.  5). 

Pour  un  e'cho  de  retard  donne  il  est  possible  de  determiner,  par  continuity,  revolution  de  ce  retard  sur  le 
chemin  de  mesures.  Le  trace  des  ellipses  des  lieux  geometriques  des  diffuseurs  au  debut  et  a  la  fin  du  chemin 
permet  de  localiser  la  zone  geographique  produisant  1'echo.  Les  fonctions  diffusions  retard  au  debut  (Fig  6  a) 
et  a  la  fin  du  chemin  (Fig.  6  b)  font  apparaitre  un  echo  de  forte  amplitude  dont  1'evolution  du  retard  5s  avec 
la  distance  est  represented  sur  la  Fig.  7.  Cette  evolution  5c  variant  comme2<#cil  est  probable  que  Techo 
analyse  est  du  a  une  zone  de  diffusion  arriere  situee  dans  le  plan  du  grand  cercle  (voir  Fig.  8).  La  puissance 
totale  regue  (Puissance  Prm  definie  au  $  2)  sur  le  chemin  d'analyse  est  d'environ  10  dB  superieure  b  la  puis¬ 
sance  de  l'onde  de  retard  minimum  (Fig.  9).  Les  fortes  erreurs  de  prevision  des  programmes  de  calcul  d'attenua- 
tion  de  propagation  sont  notamment  dues  £  ce  type  de  configuration  de  terrain. 

4.2.  Exemple  2 

Pour  cet  exemple  le  chemin  de  mesures  est  perpendiculaire  au  plan  de  propagation.  Le  profil  moyen  du  terrain 
est  represente  Fig.  10.  L'evolution  du  retard  moyen  et  de  l'etalement  temporel  avec  la  distance  (Fig.  11  a  et 
b)  montre  que  ces  parambtres  augmentent  rapidement  pour  les  distances  superieures  a  180  metres  eov’ron  aux 
frequences  egales  b  250  et  400  MHz,  tandis  que  pour  150  MHz,  les  deux  parambtres  evoluent  tres  peu.  Le  retard 
associe  au  principal  echo  qui  determine  les  fortes  valeurs  de  l'etalement  temporel  b  250  et  400  MHz  est 
quasiment  constant  sur  toute  la  longueur  du  chemin.  De  meme  que  pour  1 'exemple  precedent  l'echo  est  done 
produit  par  une  zone  de  diffusion  arriere  situee  dans  le  plan  du  grand  cercle  (la  direction  de  ce  plan  varie 
tres  legerement  sur  le  chemin  de  mesure).  Pour  250  et  400  MHz  la  puissance  de  l'onde  de  retard  minimum 
decroit  fortement  pour  les  distances  supbrieures  b  180  m  tandis  que  celle  de  la  frequence  150  MHz  reste  cons- 
tante  (voir  Fig.  12).  L' attenuation  par  diffraction,  plus  faible  b  150  MHz  qu'b  250  MHz  ou  400  MHz,  semble 
done  expliquer  la  valeur  quasi-constante  de  l'etalement  temporel  b  150  MHz. 


5.  CONCLUSIONS 

Les  multitrajets  presents  sur  la  zone  geographique  analysee  sont  tres  irregulierement  distribues.  Bien  que 
faible  pour  la  plupart  des  chemins  de  mesure,  l'etalement  temporel  peut  prendre  de  fortes  valeurs  lorsqu'il 
se  produit  simultanement  une  forte  attenuation  de  l'onde  de  retard  minimum  et  des  echos  arnbre.  L'btalement 
temoorel  moyen  diminue  lorsque  la  frequence  augmente  du  fait  que  pour  les  plus  hautes  frequences  on  obtient 
souvent  des  enregistrements  non  exploitables  (S/B  insuffisant)  pour  les  lieux  ou  les  multitrajets  sont 
importants.  L'examen  de  ces  enregistrements  bruites  montre  qu'avt.  une  puissance  d'emission  nettement  plus 
elevee  1 'btalement  temporel  moyen  b  400  MHz  serait  du  meme  ordre  de  grandeur  qu'b  150  MHz.  L' identification 
des  principaux  diffuseurs  produisant  des  retards  discernables  par  le  banc  de  mesure  est  notami.,u..c  trbs  u^e 
pour  le  dbveloppement  des  logiciels  de  calculs  d'attdnuation  de  propagation. 
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DISCUSSION 


R.J.  BULIITUDE 

1  -  I  point  out  that  the  Fourier  relation  between  Rn  ( T  .  t)  and  R^  (Af,  t) 

is  valid  only  for  WSSUS  channels.  Its  application  can  lead  to  very 
erroneous  results  if  WSSUS  conditions  are  not  met,  especially  if  a 
specular  component  is  present  in  the  received  signal.  A  better  procedure 
is  outlined  in  paper  2  [BULIITUDE,  1983], 

2  -  What  power  threshold  was  used  in  rms  delay  computations.  Workers  in  the  U.S. 

suggest  40dB  is  required  ? 

3-1  also  point  out  that  I  know  no  application  for  correlation  BwBc  results 
where  Be  is  defined  by  |  Rjj(  A  f ,  t ) [  <  0,5. 

AUTHOR'S  REP1Y 

1  -  La  relation  de  Fourier  ne  peut  en  effet  §tre  appliqude  que  si  les  ampli¬ 

tudes  des  diffdrents  dchos  discernables  par  le  banc  de  mesure  sont  deux 
A  deux  ddcorrdlds.  Cette  non  correlation  a  it d  vdrifide  pour  quelques 
profils  associds  A  des  dtalements  temporels  relativement  importants.  La 
probability  que  deux  dchos  soient  corrdlds  est  d'autant  plus  forte  que 
le  retard  relatif  entre  ces  echos  est  faible.  II  rdsulte  de  celA  que  la 
relation  de  Fourier  peut  dventuellement  etre  inadaptde  pour  estimer  les 
bandes  de  coherences  dlevdes.  Par  contre,  les  bandes  de  coherence  "moyennes" 
et  "faibles",  relativement  A  la  bande  d"analyse",  sont  sans  doute 
correctement  ddtermindes  en  utilisant  la  relation  de  Fourier. 

2  -  Les  rdponses  impulsionnelles  sont  mesurdes  avec  un  seuil  en  puissance 

placd  A  S  =  -  20dB.  Pour  1 1  estimation  de  l'dtalement  temporel  le  seuil  S 
doit  etre,  A  priori,  d'autant  plus  faible  que  le  retard  relatif  maximum 
mesurd  tr max  est  grand.  Un  dcho  unique  A  15  jus, d 'amplitude  relative 
dgale  A  -  40dB,  erdd  en  effet  un  dtalement  temporel  non  ndgligeable 
(0,15  jus).  Dans  la  mesure  ou  de  telles  configurations  de  multitrajets 
sont  frdquentes,  la  distribution  des  faibles  valeurs  de  l'dtalement 
temporel  sera  minimisde  pour  des  seuils  supdrieurs  A  -  40dB.  Pour  des 
dtalements  temporels  plus  dlevds  l'erreur  relative  sera  nettement  plus 
faible.  Par  ailleurs,  1' exigence  d'une  dynamique  de  40dB  conduit  A  une 
trds  faible  zone  de  couverture  qui  limite  la  reprdsentativitd  des  rdsultats. 

3  -  Les  bandes  de  coherence  A  0,9  et  0,5  sont  des  signatures  radiodlectriques 

du  canal  mesurdes  par  diffdrents  auteurs.  Les  oscillations  de  la  fonction 
de  correlation  rendent  plus  aldatoire  la  determination  de  la  bande  de 
coherence  A  0,5  que  celle  A  0,9. 

K.S.  KHO 

The  behaviour  of  narrow  band  signals  150-400MHz  in  terms  of  propagation 
characteristics  is  well  known  and  information  is  available.  Is  it  not  possible 
to  derive  the  behaviour  of  wideband  signals  from  the  available  characteristics 
of  narrow  band  signals  ? 

So,  with  computer  simulations  we  will  be  able  to  predict  the  influences  of 
propagations  on  widduand  signals  without  carrying  out  expensive  measurements. 

If  measurements  are  carried  out,  this  simulation  could  be  used  to  check  the 
measurement  results. 

Please  comment  on  this  opinion  !  Thank  you  ! 
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DISCUSSION 


AUTHOR'S  REPLY 

Le  calcul  des  variations  rapides  du  signal  requ  par  un  mobile  ndcessiterait 
d'une  part,  d'obtenir  une  definition  trAs  fine  du  terrain  et  de  sa  couverture, 
et  d'autre  part,  de  disposer  d'un  logiciel  capable  d'exploiter  ces  donndes. 

L' effort  considerable  qu'il  faudrait  fournir  pour  ddvelopper  de  tels  moyens 
de  simulation  semble  inutile  :  les  rdsultats  expdrimentaux  permettent  en 
effet  de  simuler  les  variations  rapides  par  des  modules  stochastiques  ou 
ddterministes  (calculs  de  propagation  A  partir  d'une  distribution  donnde 
d'objets).  II  est  par  contre  plus  rdaliste  et  plus  intdressant  de  chercher 
A  calculer  les  valeurs  moyennes  des  puissances  reques  en  fonction  du  retard 
relatif  (fonction  diffusion  retard)  en  utilisant  un  programme  de  simulation 
bande  dtroite.  Bien  que  de  nombreux  travaux  thdoriques  aient  Ate  realises 
sur  ce  problAme  [E.  BAHAR,  G.A.  HUFFORD,  R.H.  OTT,  A.  BERRY)  il  n'existe  pas, 

A  ma  connaissance,  de  logiciels  permettant  de  traiter  correctement  la 
topographie  d'un  terrain  ddcrit  en  3  dimensions  (pour  les  gammes  V/UHF). 
Lorsque  l'on  rdduit  le  problAme  du  calcul  de  propagation  au  profil  du  terrain 
contenu  dans  le  grand  cercle  passant  par  l'dmetteur  et  le  rdcepteur  on  trouve 
dans  la  littdrature  ouverte  un  grand  nombre  de  mdthodes  semi-empiriques 
permettant  d'estimer  les  attenuations  de  propagation.  Ces  mdthodes  testdes 
sur  les  gammes  de  frequence  V/UHF  et  sur  diffdrentes  classes  de  terrain 
fournissent  toutes,  en  moyenne,  des  rdsultats  notablement  dloignds  des 
mesures  (dcarts-types  de  8  -  lOdB).  Les  donndes  expdrimentales  sont  done 
actuellement  essentielles  pour  valider  les  hypthAses  thdoriques  ou  semi- 
empiriques  faites  dans  les  logiciels  d'estimation  de  1 ' attenuation  de 
propagation. 
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MEASUREMENT  AND  SIMULATION  OF  WIDEBAND  MOBILE  RADIO  CHANNEL  CHARACTERISTICS 


Rudolf  Werner  Lorenz 

Forschungsinstitut  der  Deutschen  Bundespost 
D-6100  Darmstadt 


ABSTRACT 

The  general  model  of  the  transmission  characteristics  in  mobile  radio  is  derived.  It  is  shown  which 
abstractions  are  necessary  to  come  up  with  the  wide-sense  stationary  uncorrelated  scattering  (WSSUS) 
model.  This  model  well  known  from  troposcatter  propagation  is  valid  in  mobile  radio  only  for  small  vehicle 
travel  distances.  Nevertheless,  the  WSSUS  model  proved  to  be  ideal  for  system  test  performance  in  mobile 
radio.  The  reasons  are  explained  in  the  paper.  A  recently  in  France  and  Germany  developed  frequency- 
selective  fading  simulator  is  described  which  is  based  on  the  WSSUS  model  and  proved  to  be  a  very  suitable 
tool  for  hardware  test  of  mobile  radio  equipment.  The  key  dates  of  mobile  radio  channel  charactistics 
standardized  by  COST  207  are  briefly  presented. 


1 .  INTRODUCTION 

When  a  new  mobile  radio  communication  system  is  specified  a  choice  must  be  made  out  of  a  large  variety  of 
proposals  concerning  different  methods  of  source  coding,  channel  coding,  modulation  methods  and  access 
techniques.  The  implementation  of  microelectronics  in  mobile  radio  equipment  makes  feasible  application  of 
complicated  algorithms  for  adaptive  equalization,  error  detection  and  error  correction.  Modern  receivers 
incorporate  efficient  microprocessors  capable  for  several  Mega-operations  per  second.  But  there  is  a  limit 
to  everything,  and  the  more  complicated  the  systems  are,  the  more  difficult  is  the  optimum  choice.  It  is 
impossible  to  find  the  best  solution  by  theoretical  considerations.  Computer  simulation  is  a  powerful 
tool,  but  one  is  never  sure,  whether  the  models  oversimplify  the  system  reaction  on  the  time-  and 
frequency-variation  of  the  transfer  function  and  whether  the  computer  simulation  covers  all  aspects  to  be 
considered.  Therefore,  it  is  inevitable  to  perform  hardware  test  measurements  for  verification  of  the 
results  gained  by  theoretical  analysis  and  computer  simulation. 

Test  measurements  in  the  field  cannot  yield  results  which  are  reproducible  statistically.  Too  many  uncon¬ 
trollable  distortions  by  man-made  noise  and  interference  of  other  radio  services  may  affect  the  received 
signal.  A  reliable  performance  analysis  of  a  mobile  radio  system  can  only  be  achieved  if  all  parameters  of 
the  radio  channel  are  controlled.  This  is  the  reason  why  hardware  fading  simulators  were  developed  which 
reproduce  the  key  characteristics  of  the  mobile  radio  channel. 

The  general  description  of  the  transfer  function  of  a  mobile  radio  channel  is  given  in  section  2  of  this 
paper.  Bello  /I/  has  defined  in  1963  the  wide-sense  stationary  uncorrelated  scattering  (WSSUS)  model  for 
troposcatter  propagation.  The  abstractions  to  apply  this  model  on  mobile  radio  are  explained  in  section  3. 
It  is  shown  in  section  4  that  the  WSSUS  model  proves  adequat  for  performance  tests  of  digital  mobile  radio 
communication  systems. 

The  Croupe  Special  Mobile  (GSM)  of  the  CEPT  specified  a  Pan-European  digital  mobile  radio  telephone 
system  in  the  900-MHz  band.  Several  different  radio  subsystems  were  proposed  covering  narrow-band  FDM, 
narrow-band  TDM  and  wide-band  CDM  access  techniques.  The  GSM  had  to  decide  in  a  first  step  which  access 
technique  should  be  selected.  This  decision  was  mainly  based  on  experimental  comparison  of  different  radio 
subsystems.  The  fading  simulators  proved  to  be  essential  parts  of  the  experimental  investigation  of  the 
GSM  when  bit-error  ratio  (BER)  performance  was  compared.  The  application  of  frequency-selective  fading 
simulators  to  model  the  mobile  radio  channel  guaranteed  that  all  radio  subsystems  were  tested  under 
equivalent  propagation  conditions. 

COST  207  had  coordinated  the  specification  and  development  of  two  different  types  of  hardware  frequency- 
selective  fading  simulators,  one  of  them  made  in  France  and  the  other  one  made  in  Germany.  With  respect  to 
BER  performance  the  results  gained  with  one  radio  subsystem  compared  well  when  one  simulator  was 
substituted  for  the  other  one.  However,  both  simulators  suffered  from  some  technical  drawbacks  which  made 
it  not  recommendable  to  reproduce  one  of  them.  Therefore,  the  German  and  the  French  PTTs  agreed  to  utilize 
the  know-how  gained  and  to  co-sponsor  the  development  of  a  new  frequency-selective  fading  simulator  called 
FS  900.  This  set-up  is  decribed  in  section  5  of  this  paper.  It  has  been  tested  by  an  international  group 
of  experts  and  its  performance  fulfilled  all  requirements. 

COST  207  coordinated  in  several  parts  of  Europe  measurement  campaigns.  Based  on  results  gained  from  these 
measurements  and  published  in  the  literature  COST  207  defined  parameter  settings  for  the  frequency- 
selective  fading  simulator  to  model  mobile  radio  channel  characteristics  in  rural,  urban  and  mountainous 
areas.  The  key  dates  of  the  parameter  settings  are  briefly  summarized  in  section  6. 


2.  THE  GENERAL  PROPAGATION  MODEL  IN  THE  MOBILE  RADIO  CHANNEL 

A  propagation  model  has  been  suggested  by  Turin  et.al.  /2/.  In  this  model  it  is  supposed  that  the  propa¬ 
gation  medium  acts  as  a  linear  filter  with  the  property  that,  if  Re(x(t)  exp( j  wQt) )  is  transmitted, 

where  x(t)  is  a  complex-valued  low-pass  signal  and  f  =  co  /(2  n  )  is  the  carrier  frequency,  then 
Re(^(6)  exp(j  <*>Qt))  is  received,  where  J  0 
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K 

£{t)  =2  x(t  -  t.  )  ak  exp(j  9k)  +  n(t).  (1) 

k=1 

The  propagation  medium  is  deterained  by  three  K-dinensional  sets  of  path  parameters: 
t  k  the  excess  delay, 

a^  the  resulting  magnitude  of  the  partial  waves  delayed  by  r  ^  and 
©k  their  phases. 

In  addition  to  these  parameters  the  received  signal  is  deteriorated  by  noise  n(t)  which  is  excluded  from 
the  analysis  of  the  present  paper. 

Eq.(l)  does  not  include  the  time  dependence  of  the  parameters.  This  has  not  been  necessary  for  the  purpose 
of  Ref.  /2/  because  this  publication  was  focused  on  the  statistical  distribution  of  x  k,  a^  and  0^ 

gained  from  point  measurements.  Concerning  this  objective  Eq.(1)  is  a  general  description  of  the  radio 
channel  in  multipath  environment  without  considering  any  motion  of  either  the  scatterers,  the  transmitter 
or  the  receiver.  It  can  be  transformed  into  the  frequency  domain  which  results  (omitting  the  additional 
noise)  into  the  transfer  function 

K 

H(f)  =  Y(f)/X(f)  =E  a.  exp(  j  0  )  exp(  -j  a,  x  J  (2) 

k=1  *  K  K 

describing  the  frequency-selective  fading,  where  f  =  W(2w  )  is  the  radio  frequency. 

For  a  general  model  the  three  sets  of  real  parameters  can  be  supposed  to  be  time  variant.  It  is  well  known 
that  the  time  variation  in  mobile  radio  caused  by  the  motion  of  the  transmitter  or  the  receiver  consists 
of  superimposed  rapid  and  slow  fading.  Tnese  two  time  dependences  differ  by  many  orders  of  magnitude  and 
they  affect  mobile  radio  communication  in  considerable  different  ways.  The  rapid  fading  is  modelled  by 
superposition  of  partial  waves  and  the  slow  fading  is  modelled  by  tine  variation  of  parameters 
characterising  the  partial  waves. 

The  signal  received  at  an  excess  delay  x^  consists  of  M  partial  waves 

ak  exe{^  V  =  £  (3) 

m=1  ’ 

with  B,  the  complex  amplitude  of  a  partial  wave  generated  by  a  distinct  scatterer  (k,m).  If 

*~K  j  ID 

multiscattering  is  not  considered  all  the  scatterers  with  equal  delay  x^  contributing  to  the  received 
signal  (a^,  0^)  are  located  on  an  ellipsoid  with  the  transmitter  in  one  K  and  the  receiver  in  the  other 
focus.  £q.(3)  gives  the  superposition  of  all  M  scatterers  which  are  located  on  the  surface  cf  the 

ellipsoid  k. 


Due  to  the  motion  of  the  mobile  the  scattering  angle  between  the  direction  of  incidence  and  the  direction 
towards  the  mobile  varies  at  the  scatterer.  The  scatter  diagram  may  cause  a  variation  of  the  complex 
amplitude  8,  in  magnitude  and  phase.  The  magnitu*. .  B.  is  also  affected  by  the  variation  of  the 

,  ID  K ,  Hi 

distance  between  the  scatterer  and  the  mobile.  More  important  for  small  displacements  of  the  mobile, 
however,  is  the  variation  of  the  phase  due  to  varying  delay  which  is  described  by  the  last  term  in  Eq.(2). 
The  delays  t  k  being  equal  for  all  scatterers  located  on  the  ellipsoid  k  at  the  instant  of  time  t1  differ 
in  general  at  other  times  t  ^  t1 .  Therefore,  double  indices  t  ^  ^(t)  must  be  introduced  for 

the  formulation  of  the  variation  of  the  delay  of  each  individual  partial  wave.  The  variation  of  the  delay 
after  a  small  increment  of  time  At  can  be  formulated  by  a  linear  approximation 


TV  d  =  t.  (t.)  +  w  (t.)  A  t. 

K,  in  I  K  j  id  I  k  j  m  1 


The  coefficient  w,  at  the  instant  of  observation  t.  is 

K,m  1 


Wk,m(V  =  "  <v(t1)/c)  C0S  >’k,m(S)- 


(5) 


where  v(t1)  is  the  speed  of  the  mobile,  c  the  velocity  of  light  and  y  k  ffl(t.j)  is  the  angle  between  the 

direction  of  motion  and  the  direction  from  the  mobile  to  the  scatterer.  If  these  functions  are  known,  the 
variation  of  the  delay  of  the  partial  wave  scattered  from  (k,m)  can  be  computed 


Tk,m(t)  =  -  /(v(t)/c)  cos  >,k,m(fc)  dt  +  Tk,m(V’  (6) 

By  insertion  of  Eq.(3)  and  (6)  into  (2)  the  general  formulation  for  the  frequency  and  time  dependence  of 
the  transfer  function  becomes 

KM  t. 

H(f,t)  =  £  £  B.  (t)  exp(-j<e  x  .  _(t.))  exp( j  <o  J  v(t)  cos  (t)  dt/c).  (7) 

lt=1  B-l  ’  K,J1  1  t  K’ 


As  mentioned  the  variation  of  B^  ^(t)  results,  in  parts,  from  the  variation  of  the  scattering  angle.  This 
is  related  to  )’k  Q(t).  Therefore,  considering  a  single  scatterer,  the  variation  of  the  complex  amplitude 
B.  (t)  and  the  variation  of  its  delay  x,  (t)  are  correlated  in  general.  In  tropospheric  scattering  a 

w  K  f  D 

large  number  of  almost  equal  scatterers  contribute  to  the  received  signal.  It  may  be  assumed  then  that  a 
scatterer  moving  to  another  place  will  be  replaced  by  another  one  contributing  the  same  power,  on  average 
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In  mobile  radio,  however,  this  situation  will  be  observed  only,  if  the  mobile  would  irive  within  a  dense 
forest-  In  all  other  cases  the  propagation  medium  consists  of  more  or  less  prominent  scatterers  with 
deterministic  relations  between  the  variations  of  their  amplitudes  and  delays  with  time.  This  is  the 
reason  why  slow  fading  may  not  be  modelled  by  the  time  variance  of  the  complex  amplitudes  ^(t)  only  but 

also  the  tine  variance  of  the  delays  t  ^  ^(t)  must  be  considered.  Moreover,  both  variables  must  be 

correlated.  Therefore,  the  model  of  slow  fading  in  wide-band  mobile  radio  channels  is  very  complicated. 

3.  THE  WIDE-SENSE  STATIONARY  UNCORRELATED  SCATTERING  (WSSUS)  PROPAGATION  MODEL  OP  THE 
MOBILE  RADIO  CHANNEL 

A  considerable  simplification  of  the  mathematical  treatment  as  well  as  the  feasibility  to  develop  a 
frequency-selective  fading  simulator  would  be  achieved  if  the  wide-sense  stationary  uncorrelated 
scattering  propagation  model  (WSSUS)  /I/  were  applicable. 

A  stochastical  process  is  wide-sense  stationary  if  its  expectation  value  is  constant  and  its 
autocorrelation  depends  on  the  difference  of  the  variables  only,  in  the  case  of  H(f,t)  only  on  (f^-f.^ )  and 

(t.-t.j )  but  not  on  f^  or  t^ .  H(f,t)  is  according  to  Eq.{7)  already  stationary  in  frequency.  For  a  more 

generalized  formulation  even  that  cannot  be  supposed.  The  scattering  coefficients  and  the  scatter  diagrams 
are  dependent  on  frequency.  Within  a  bandwidth  considered  for  wideband  mobile  radio,  e.g.  10  MHz  at 
900  MHz,  the  variation  of  B^  Q  with  frequency,  however,  may  be  neglected. 

Stationarity  in  time  requires  that  v(t),  B.  ( t) ,  y,  (t)  and  t  .  (t)  are  time  invariant.  It  is  obvious 

“it  j  in  ic  y  ld  ic  j  tn  "  “■ 

that  the  speed  of  the  mobile  should  be  constant  for  a  stationary  fading  process.  With  respect  to  the  other 
three  variables  stationarity  can  only  be  expected  for  short  vehicle  travel  distances.  The  variation  of 
y  .  and  t  .  strongly  depends  on  the  distance  between  mobile  and  scatterer.  Cox  /3/  has  concluded  from 

his  measurements  in  New  York  City  that  the  statistics  of  the  mobile  radio  channel  are  usually 
quasi-stationary  for  vehicle  travel  distances  in  the  order  of  5  m  to  30  u  (small  scale)  but  become  grossly 
nonstationary  for  distances  larger  than  20  m  to  150  m.  Reducing  Eq.(7)  to  small  scale  means  that  the  time 
dependence  of  B,  (t) ,  v(t),  V  ,  (t)  and  t  .  (t)  may  be  neglected  and  the  integral  has  a  trivial 

solution.  Using  for  abbreviation  the  frequency  shift  (Doppler- frequency) 

fn  =  f  cos  y  ,  =  -7-  cos  y  .  (8) 

D  K,m  c  '  k,m  \  r  k,m  '  ' 

of  the  partial  wave  scattered  by  the  scatterer  (k,m)  the  stationary  transfer  function  becomes 


Htf,t)  =  £  £  B  exP(-  2  *  j  t  k  f)  exp(2  *  j  fD  t  ).  (9) 

k=1  m=1  '  ’ 

This  is  the  quasi-stationary  propagation  model  which  is  determined  by  four  (K  *  M)  -  dimensional  sets  of 
parameters,  constant  in  time  and  frequency: 

Bk  m  the  la8rtttude  sf  the  partial  waves  scattered  from  the  scatterer  k,m; 

Tk  m  its  excess  delay,  which  is  equal  for  all  M.  partial  waves  scattered  on  the  surface  of  the 
’  ellipsoid  k,  if  multiscattering  is  not  taken  into  account; 


D  k,m 
lrc(4,m) 


uss  uoppuer  sun  v  auu 
its  phase. 


The  distribution  of  the  magnitudes  versus  excess  dela^  and  Doppler  shift  characterizes  the  behaviour  of 
the  stationary  channel.  It  is  called  ''time-delay  Doppler-scattering  function",  for  abbreviation 

.  "scattering  function",  for  which  an  example  reproduced 

(i'l  from  / 4/  is  plotted  in  Fig.  1.  The  scattering  function 

.  jfJ  depicts  the  power  density  level 


/  r  I''0' 

PpMohis- 


PD  =  10  =  10  Wh,*  -k,m  /2max  ^max  >  dB  (10 

versus  delay  t  and  Doppler  shift  f^. 

The  powjr  density  p^  =  0  dB  is  referred 

to  the  partial  wave  having  the  maximum 
amplitude  B 


Fig.  1  Example  of  a  measured  scattering 
function  /4/  depicting  the  distribution 
of  power  density  versus  delay  t  and 
Doppler  shift  fp. 
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The  phases  of  the  received  partial  waves,  the  fourth  set  of  (K  *  M)  -  dinensional  paraneters,  introduce 
the  stochastical  character  into  H(f,t).  So  far  the  scattering  problem  has  been  treated  as  a  deterministic 
superposition  of  the  contributions  of  each  scatterer.  However,  due  to  the  limited  bandwidth  if  of  the 
communication  system  the  ratio  of  local  resolution  ix  to  wavelength  A  is  approximately  equal  to  the 
reciprocal  relative  banduidth.  Therefore,  the  minimum  distance  Ax  for  the  distinct  discrimination  between 
two  adjacent  scatterers  becomes 

AX  «  Af  /  Af  »  A  .  (11) 

o 

The  superposition  of  partial  waves  scattered  at  all  obstructions  located  within  the  volume  of  resolution 

■5 

A  x  determines  the  phase  of  the  resulting  partial  wave  generated  from  that  volume  element.  The  resulting 
phase  can  be  assumed  to  be  a  random  figure  equally  distributed  between  0  and  2  n 

arc(-k,m)  =  z(n)k,m(0>2  71  }  (12) 


because  the  distribution  of  obstructions  in  the  volume  element  is  random.  The  suffix  (n)  indicates  that 
/  \ 

2V  \  q(0,2  tt  )  is  a  special  sequence  of  (M  *  K)  random  figures.  With  each  sequence  (n)  a  different  sample 
function  can  be  computed: 


K  M 

H(n)(f,t)  =£  E  Vpm  exp(-  2  n  j  t  k  n  f)  exp(2  xr  j  fQ  ^  t)  exp(j  Z(n)k)Q(0,2  ti  ))  (13) 


4.  APPLICATION  OF  THE  WIDE-SENSE  STATIONARY  MODEL  ON  SYSTEM  PERFORMANCE  TESTS  IN  MOBILE  RADIO 

A  performance  comparison  of  different  digital  mobile  radio  systems  is  based  on  the  evaluation  of  the  BER. 
An  experimental  determination  of  BER  can  be  gained  in  a  reliable  way  only  if  enough  errors  occur  within 
one  measured  block  of  data.  Therefore,  the  measurement  must  be  extended  to  a  certain  length  depending  on 
the  bit  rate  and  the  required  level  of  resolution  for  BER.  For  example  at  a  transmission  rate  of  16  kbit/s 

_3 

and  a  BER  resolution  down  to  10  the  measurement  must  endure  for  a  period  of  6.25  s  to  receive  100  errors 
on  average.  This  measurement  duration  is  required  to  determine  in  the  statistical  sense  reliably  the  BER 
at  one  point  of  the  curve  versus  signal  to  noise  or  signal  to  interference  ratio.  All  points  must  be 
measured  under  the  same  statistical  propagation  conditions  of  the  radio  channel.  Within  6.25  s  the  global 
parameters  of  the  mobile  radio  channel  may  change  tremendously  because  the  mobile  is  displaced  during  the 
measurement  so  much.  At  100  km/h,  e.g.,  the  mobile  travels  174  m.  Along  such  a  run  the  mobile  radio 
channel  is  nonstationary  according  to  Cox  / 3/ •  Considering  that  the  WSSUS  model  would  not  be  applicable 
for  determination  of  BER. 

It  is  certainly  true  that  a  mobile  radio  system  has  to  cope  with  nonstationary  variations  of  propagation 
parameters.  On  the  other  hand,  however,  the  length  of  data  blocks  is  limited  within  which  error  correction 
procedures  can  be  applied.  Ir.  duplex  telephony,  e.g.,  the  total  delay  must  not  exceed  100  ms.  Otherwise 
the  transmission  system  cannot  be  used  for  real-time  conversation.  In  100  ms  the  mobile  is  displaced  only 
by  A  s  =  2.8  m  at  100  km/h.  According  to  Cox  the  mobile  radio  channel  is  stationary  within  that  vehicle 
travel  distance. 

Errors  occurring  in  mobile  radio  transmission  are  not  equally  distributed.  Deep  fades  of  magnitude  of  the 
transfer  function,  rapid  variation  of  its  phase  and/or  peaks  of  the  group  delay  result  in  error  bursts. 
This  characteristic  of  the  mobile  radio  channel  is  a  result  of  tho  stationary  model  because  deep  fades  of 
the  transfer  function  are  caused  by  interference  of  partial  waves.  The  goal  of  system  performance  tests  is 
to  find  out  the  reaction  of  the  system  on  these  critical  conditions  of  the  mobile  radio  channel  likely  to 
occur  within  one  data  block.  Therefore,  the  reliable  determination  of  BERs  require  the  perpetuation  of  the 
statistical  behaviour  of  the  radio  channel  for  the  duration  of  a  data  block  for  which  error  correction  can 
be  applied.  This  means  that  transfer  functions  likely  to  occur  statistically  within  a  distance  A  s  along 
which  the  mobile  travels  during  the  transmission  of  one  correctable  data  block  should  be  reproduced  for 
test  measurements  of  BER  performance.  Even  at  high  speeds  of  the  mobile  A  s  is  small  or  comparable  to  the 
travel  distance  within  which  the  mobile  radio  channel  is  stationary.  Because  of  this  reason  the  WSSUS 
model  is  to  be  taken  for  determination  of  the  BER. 

In  other  words,  the  abstraction  of  the  WSSUS  model  is  necessary  to  determine  the  BER  in  small  timeslots  of 
transmission  within  which  error  correction  procedure  are  applied.  Obviously,  this  objective  can  only  be 
obtained  by  a  channel  simulator,  not  by  measurements  in  the  real  world  which  in  addition  to  non- 
stationarity  may  be  affected  by  uncontrollable  events  of  propagation,  interference  and/or  man-made  noise. 


5.  THE  FREQUENCY-SELECTIVE  FADING  SIMULATOR  FS  900 

The  frequency-selective  fading  simulator  FS  900  was  developed  in  Franco-German  cooperation.  FS  900  was 
tested  by  an  international  group  of  experts  / 5/ •  It  fulfilled  all  requirements.  A  simplified  block  diagram 
of  tho  set-up  is  plotted  in  Fig.  2.  The  bandwidth  of  the  fading  simulator  is  5  MHz.  The  center  frequency 
can  be  set  between  890  MHz  and  960  MHz  by  adjustment  of  the  frequency  of  the  external  local  oscillator. 

The  radio  frequency  signal  is  down  converted  to  10  MHz,  digitised  at  a  sampling  rate  of  40  MHz,  sp*it  into 
12  digital  delay  lines  which  can  be  delayed  individually,  digital  to  analog  converted,  controlled  in  power 
level  in  each  tap  and  complex  modulated  by  different  random  signals  having  specified  Doppler  spectra.  The 
signals  in  the  12  branches  are  combined  and  up  converted  to  radio  frequency.  The  procedure  for  parameter 
setting  is  extremely  simple  and  changes  are  performed  quickly.  Parameter  sets  can  also  be  stored  on 
magnetic  disks.  The  12  taps  are  described  by 

-  the  number  of  the  tap; 

-  the  file  number  of  the  Doppler  spectrum  of  the  noise  sequence  to  be  used  for  complex  modulation; 

-  the  attenuation  of  each  tap  transfer  function  and 

-  the  delay  of  each  tap. 
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The  noise  sequences  are  stored  in  EPROMs  and  one  out  of  eight  can  be  allocated  to  each  tap.  The  noise 
sequences  used  in  each  tap  are  uncorrelated.  The  attenuation  can  be  set  between  0  dB  and  31  dB  in 
1-dB  steps  and  the  excess  delays  between  0  fis  and  51  s  in  0.2-/xs  steps.  The  speed  of  the  mobile  can  be 

set  between  0  and  300  km/h  in  1-km/h  steps.  The  Doppler  spectra  are  computed  according  to  Eq.(8)  at  a 

radio  frequency  between  890  MHz  and  960  MHz  which  can  be  set  in  1-MHz  steps. 

It  can  be  programmed  whether  FS  900  operates  in  12  taps  or  is  split  into  two  channels  to  each  of  which 

6  taps  are  allocated.  In  the  latter  case  three  modes  of  operation  can  be  selected: 

-  diversity; 

-  interference  and 

-  simulation  of  two  separated  channels. 

In  the  diversity  node  the  input  signal  at  the  radio-frequency  input  RF^n  is  split  into  two  branches  of 
uncorrelated  channels  for  the  two  outputs  A  and  RFQut  B. 

In  the  interference  mode  the  signals  from  RFin  and  the  second  input  are  transmitted  after  uncorrelated 
fading  simulation  to  the  output  R?out  A.  The  second  input  operates  at  the  center  frequency  of  10  MHz.  This 

lay-out  was  selected  because  standardized  interference  spectra  generated  by  a  programmable  signal 
generator  nay  be  used.  For  test  measurements  with  interfering  signals  at  radio  frequency  an  external  down 
converter  must  be  connected  to  FS  900. 

In  the  mode  of  simulation  of  two  separated  channels,  FS  900  is  split  into  two  separate  channels  having 
6  uncorrelated  and  individually  programmable  taps  each.  For  this  mode  of  operation  the  external 
up-converter  is  necessary.  Both  radio  frequency  bands  must  be  within  the  bandwidth  of  5  MHz. 


RF- ISO  MHz 


summing 
1  *  12  or 
2x6  paths 


Power 

Supply 


Fig.  2  Simplified  block  diagram  of  the  frequency-selective  time-variant  fading  simulator  FS  900. 


6.  PARAMETER  SETTING  OF  MOBILE  RADIO  CHANNEL  CHARACTERISTICS  IN  DIFFERENT  TYPES  OF  TERRAIN 

COST  207  working  group  on  propagation  has  defined  parameter  settings  for  the  simulation  of  mobile  radio 
channels  / 6/ .  They  determine  the  simulation  of  propagation  conditions  which  are  typical 

-  in  rural  areas 

-  in  urban  and  suburban  areas 

-  in  urban  and  suburban  areas  in  mountainous  terrain  and 

-  in  rural  areas  in  mountainous  terrain. 

The  average  delay  power  profiles  characterizing  the  four  types  of  mobile  environment  are  plotted  in 
Fig.  3>  These  definitions  of  COST  207  were  based  on  resul+s  published  in  the  literature,  on  vast 
theoretical  considerations  as  well  as  computer  simulations  and  on  propagation  measurements  performed  in 
different  countries  participating  in  an  international  measurement  campaign  managed  by  COST  207.  Some  of 
the  results  gained  recently  in  mountainous  terrain  under  the  coordination  of  COST  207  are  published  in 
/7,8/.  The  delay  px’ofiles  P(t  ),  i.e.  the  power  level  allocated  to  different  delays  in  the  simulator  are 
plotted  in  Fig.  3. 
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Fig.  3  Average  power  delay  profiles  defined  by  COST  207 

a)  in  rural  areas  d)  in  rural  areas  in  mountainous  terrain 

b)  in  urban  and  suburban  areas  c)  in  urban  and  suburban  areas  in  mountainous  terrain 


The  delay  spread  is  the  second  central  moment  of  the  delay  power  profile.  The  delay  spread  S  characterizes 
the  frequency  selectivity  of  the  mobile  radio  channel.  A  brief  overview  is  given  in  the  following  table: 


Type  of  terrain 

Delay 
spread  S 

Maximum 

excess 

delay 

Rural  area 

0.1  MS 

0.5  ^  s 

Typical  case  for  suburban  and  urban  area 

1 .0  ^  s 

5  ^  s 

Typical  bad  case  for  suburban  and  urban  area 

2.5  jis 

10  ;u  s 

Typical  bad  case  for  hilly  terrain 

5-0  ns 

20  n  s 

The  table  shows  the  large  variation  of  channel  characteristics  for  frequency  selectivity  in  mobile  radio 
in  different  types  of  terrain. 

7.  CONCLUSIONS 

The  wide-sense  stationary  uncorrelated  scattering  (WSSUS)  model  describes  the  mobile  radio  channel  along 
short  vehicle  travel  distances,  it  is  not  valid  for  runs  longer  than  20  m  to  150  m.  Nevertheless,  the 
importance  of  the  WSSUS  model  is  mainly  to  be  a  statistical  perpetuation  of  short-term  channel 
characteristics.  Otherwise  reliable  tests  of  radio  transmission  system  performance  cannot  be  determined. 
Therefore,  comparative  test  measurements  can  be  carried  out  in  a  reproducable  way  only  by  use  of  fading 
simulators  based  on  the  WSSUS  model  and  not  by  field  measurements. 

The  frequency-selective  fading  simulator  FS  900  developed  in  Franco-German  cooperation  proved  to  be  a 
valuable  tool  for  hardware  test  measurements  of  wideband  mobile  radio  transmission  systems.  It  is  capable 
to  simulate  the  different  propagation  conditions  occurring  in  various  types  of  terrain. 
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DISCUSSION 

R.J.  BULTITUDE 

I  believe  we  agree  that  the  QWSS  assumption  is  acceptable  for  error  rate 
analysis,  but  should  not  be  used  in  the  interpretation  of  propagation 
measurement  results. 

AUTHOR'S  REPLY 

Not  really.  The  QWSS  can  be  used  also  for  the  interpretation  of  wideband 
measurements,  but  only  along  short  runs  along  several  meters.  The  slow 
variation  of  attenuation  and  the  variation  of  power  delay  profiles,  however, 
are  correlated.  Therefore,  a  simulation  of  slow  fading  cannot  be  performed 
without  the  variation  of  the  entire  scattering  function  simultaneously. 

Since  this  is  very  difficult,  both  in  description  by  a  model  as  well  as  in 
hardware  simulation  such  a  model  may  not  be  used  for  error  rate  analysis. 
Moreover  ,  as  I  have  pointed  out  in  the  paper,  the  QWSS  model  is  to  be  applied 
for  duplex  channels  to  perpetuate  the  short  run  characteristic  of  the  mobile 
radio  channel. 
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ESTIMATION  DE  LA  REPONSE  TMPULSIONNELLE  DU  CANAL  R  ADIOMOBILE 
LARGE  BANDE  EN  SITE  SUBURBAIN  A  910  MHz 


M.  SALEHUDIN,  G.  EL  ZEIN,  J J.  BAI,  A.  DANIEL,  J.  CITERNE. 
Laboratoirc  "Stuctures  rayormantes” 

UA  au  CNRS  N°  834,  INS  A  35043  RENNES  CEDEX 


RESUME 


Cette  communication  prescnte  unemethode  poui  es  timer  la  rbponse  impulsionnelle  du  canal  radiomobile  large  bande,  en  UHF,  a  partir 
des  paiametres  relatifs  h  lenvironncment.  Ceux-ci  comprenncnt  la  position  relative  des  diffuseurs  par  rapport  a  cellc  du  mobile.  Ces 
diffuseurs  soni  rcparus  aieatoirement  dans  un  environncment  homogene  et  fonctionnent  comme  des  sources  secondaires  d'ondes 
n  dmettant  qu’un  seul  rayon  dans  la  direction  du  rbccpteur.  Les  parametres  de  Fenvironnement  sont  extraits  a  partir  des  plans 
tupogiaphiques  sectoriels  existants.  La  hauteur  des  diffuseurs,  conduisant  a  un  modele  geomdtrique  h  trois  dimensions,  est  introduite 
par  la  notion  dc  section  efficace  radar  bistatique.  Cette  demibre  determine  les  coefficients  de  reflexion  sur  les  diffuseurs.  La 
confronlanon  des  rdsultats  de  l'estimation  a  ceux  obtenus  par  la  mesure  sur  le  canal  rbel  a  etb  faite  sous  forme  de  fonction  d’occupation 
de  trajets  dans  un  intervalle  de  retards  donnb.  Elle  dbmontre  un  accord  prometteux  dans  des  sites  suburbains. 


1-  INTRODUCTION 

La  propagation  radiomobile  dans  un  env  ironnement  urbain  est  gbncralement  affectce  par  la  prdscncc  des  trajets  multiples.  Dans  ce  cas, 
la  propagation  se  passe  h  travers  des  reflexions  el  des  diffusio.ts  sur  des  masques  (batiments  et  autres  obstacles).  Ce  phenomena  se 
traduit  sous  forme  dcvanoulsscments  ectifs  en  frequence  et  en  cspace  du  signal  rcgu  lorsque  le  mobile  se  ddplace  [1],  La 
umnaissance  des  caracteristiques  du  canal  comme,  par  exemple,  sa  reportse  impulsionnnclle,  s'avbre  alors  utile  pour  ameiiorer  la 
qualitd  de  la  liaison  par  la  divcrsite  dc  reception. 

Di  -ers  modcles  de  canal  sont  mentionnes  dans  la  litterature.  Mais,  ties  peu  traitent  des  statistiqucs  du  canal  large  bande  en  tenant 
comptc  des  paiametres  relatifs  a  Fenvironnement.  Ossamia  [2]  fut  le  premier  a  proposer  un  modele  bas6  sur  des  rbflecteurs  plans  et 
parfaits,  rcparus  d'une  fayon  detcm.inistc.  Zander  [3]  a  propose  un  modele  geom6trique  optique  simple  qui  considcrc  des  diffuseurs 
scmullams  et  aieatoirement  repartis.  Rbccmmcnt,  Bajwa  [4]  a  affind  le  modble  de  Zander  en  introduisant  le  principe  de  Huygen  sur  le 
rayonnemcru  des  diffuseurs  discrcts  et  aieatoirement  rdpartis.  Quelques  soient  leurs  rdsultats,  tous  ces  modcles  n'introduisent  pas 
encore  la  hauteur  des  diffuseurs. 

Le  modble  presente  dans  cct  article  conceme  un  modele  georndtrique  a  trois  dimensions.  La  hauteur  des  diffuseurs  y  est  introduite 
implicncment  par  la  notion  de  leurs  surfaces  cfficaccs  radar  bistatique  [5].  Ccllcs-ci  permettent  de  determiner  les  coefficients  de 
reflexions  sur  les  diffuseurs.  Les  parametres  de  l  environncment  sont  extraits  h  partir  des  plans  topographiques  sectoriels  dont  la 
numCrisation  a  did  effectude  au  laboratoirc.  Enfin,  la  confrontation  du  modele  avee  les  statistiqucs  du  canal,  obtenues  a  partir  dc  nos 
campagncs  de  mesure  effcctudes  sur  le  terrain,  a  dtd  faite  sous  forme  de  fonction  dc  probabilite  d’occupation  des  trajets  dans  un 
intervalle  dc  retards  donnd. 


2.  MODELE  DU  CANAL  A  TRAJETS  MULTIPLES 

Le  modele  Jdcril  ci  apres  considbrc  que  le  principe  de  diffusion  est  reprdscntd  par  une  simple  rdflexion.  Les  diffuseurs  sont 
aieatoirement  rdpartis  su.vant  la  meme  dirccUon  dans  environncment  homogbne  et  fonctionnent  comme  des  sources  secondaires 
d'ondes.  Ces  diffuseurs  sont  moddlisds  gdomdtriqucment  par  des  paralldldpipbdes  ayant  des  surfaces  planes  verticalcs.  Les 
coefficients  dc  rdflexion  scr  les  diffuseurs  sont  ddterminds  par  la  surface  efficace  radar  bistatique  concspondant  aux  surfaces  dc  ces 
demiers.  Les  ondcs  qui  arrivent  dans  le  voisinage  du  mobile  sont  supposbes  planaires  et  polarisdcs  verticalement. 


2.1.  La  gdomdtrie  des  diffuseurs 

Une  vuc  gdncralc  des  diffuseurs  est  donndc  par  la  figute  1.  Les  vccteurs  u  -  1,  2, 3,  ...N  reprdsentent  les  distances  entre  le  mobile 
et  les  N  diffuseurs.  Chacun  d'eux  a  un  ou  plusicurs  coefficients  de  rdflexion  ddterminds  par  la  surface  efficace  radar  bistatique  des 
surfaces  illumindes  et  s'exprime  d'aprbs  [5J: 


P 


h2  ,  -sin(nlsine) 

—  n  1  cos  0 - 

Jt  nl  sin0 


(1) 


oh  h  est  la  hauieur  de  la  surface  illumirde  des  diffuseurs,  1  est  sa  largcur,  0/2  est  Tangle  d’incidcnce  de  l’onde  sur  la  surface  et 
n  =  0,  1,  2,  ... 

Le  retard  rclatif  Tfc  du  b  l'onde  anivant  du  k^me  diffuseur  peut  etre  calculd  d'aprbs  la  relation  suivanle,(voir  fig.2): 


Pksin^2 

c  sin  <5^  cosP^ 


(2) 
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ou  ik  cst  la  distance  entre  le  kimc  diffuscur  ct  le  rdccptcur,  <*>k  et  |3k  ddterminent  sa  position  angulaire  relative  et  c  est  la  v  itesse  de  la 
lumicrc. 

Done,  la  rdponse  impulsionnelle  du  canal  est  obtenue  si  les  param litres  pk,  rk,  <j>k  et  Pk  sont  connus.  Ccs  demiers  sent  dcs  variables 
aleatoircs. 


Pom  un  modele  a  deux  dimensions,  Zander  a  moddlisd  r  comme  un  processus  aldatoire  stationnaire  du  second  ordre,  inddpendant  de 
<J),  obtenu  a  partir  d'un  processus  de  Poisson  planaire  [3].  Bajwa  a  affind  ce  modele  en  introduisant  la  largcur  des  rues  et  aboutil  a 
1'cxpression  suivante  [4]: 


P(r)  =  j5  exp 


W  T_ 
2D  '  D 


;  r  >  W/2 


(3) 


oil  D  est  la  sdparation  entre  les  diffuscurs  et  W  est  la  largcur  de  la  rue. 


2.2.  ixs  statistioues  des  parametres  de  l'environnement 

A  partir  des  plans  topographiques  scctoriels  ou  des  plans  d'occupation  du  sol  existants,  a  l'dchelle  de  1/2000,  nous  pouvons  extraire 
des  parametres  de  l’environnement  tels  que: 

a)  la  distance  r  separant  le  diffuscur  du  rdccptcur  mobile  qui  conduit  a  la  connaissance  de  la  densite  de  probabilitd  p(r). 

b) -  la  position  angulaire  (■>  du  diffuscur  par  rapport  au  rdccptcur  mobile  conduisant  k  la  distribution  p(rj>). 

Mais,  la  hauteur  des  batiments  nc  figure  pas  encore  sur  ces  plans. 

Ainsi,  pour  arriver  k  determiner  la  distribution  dcs  coefficients  de  reflexion  p(p)  ct  cclle  de  l'cldvation  des  diffuscurs  p(.p;,  unc 
inspection  cffcctude  sur  le  site  s'est  rdvdldc  ndccssaire.  Tous  les  proccdds  d'extraction  de  ces  parametres  ont  did  developpes  au 
laboratoirc.  Pour  ccla,  un  moyen  de  numdrisation  automalique  dcs  plans  par  ordinatcur  a  dtd  mis  en  oeuvre. 

3.  SYSTEME  DE  MESURE 

Des  campagnes  de  mesure  de  propagation  radiomobile  a  910  MHz  furent  effectudes  dans  la  ville  de  Rennes  [6],  La  technique  choisie 
pour  rclevcr  la  rdponsc  impulsionnelle  du  canal  est  basdc  sur  le  principc  de  corrdlation . 

A  l'dmission,  fig.3,  la  frdqucncc  intcrmddiairc  (FI  =  70  MHz)  est  modulde  en  B.P.S.K.  par  une  sequence  pscudo-aldatoirc  ayant  un 
debit  numdrique  de  10  Mbits/s  ct  une  longueur  maximalc  de  127  bits.  Unc  transposition  k  la  radiofrequcncc  (RF  -  910  MHz)  est 
ensuitc  cffcctude  avant  d’attaquer  l’dtagc  amplificatcur  qui  permet  d’avoir  une  puissance  d'dimssiun  de  10  W.  Le  signal  cst  cmis  a 
partir  dune  antenne  omnidirectionnelle  ayant  un  gain  de  9  dBi  et  portde  par  un  pylonc  de  43  m  de  hauteur. 

\u  niveau  du  rdccptcur  ,  le  signal  cst  captd  par  ur.c  antenne  omnidirectionnelle  de  gain  3  dBi  placdc  sur  le  toil  du  mobile  a  2,5  m  du 
sol  Afin  d'amdliorcr  la  dynamique  du  rdccptcur,  un  amplificatcur  logarithmique  est  introduit  a  la  frdquem  e  intermcdiairc.  Ensuitc,  un 
corrdlatcur  a  ondcs  acoustiques  de  surface  est  mis  en  oeuvre.  Unc  ddtection  cohdrcnlc  cst  alors  cffcctude  sur  les  deux  composantcs  en 
phase  et  en  quadrature  de  phase  du  signal  rc£U.  La  cohdrcnce  est  garanlie  par  la  bonne  stabilitd  dcs  synthetiscurs  de  frdqucncc 
(10-10/hcure  A  910  MHz). 

La  rdsolution  tcrnporcllc  obtenue  avee  cc  systeme  cst  de  l'ordrc  de  100  ns,  cc  qui  permet  de  dissocicr  dcs  trajets  diffdrents  de  30  m  ou 
plus.  Quant  a  ia  fenetre  d'obscrvation,  cllc  cst  de  12,7  [is  environ. 


4.  SYSTEME  D'ACOUISITION  DES  DONNF.ES 

L  architecture  gdndrale  du  systeme  d  acquisition  et  do  traitement  des  donndcs  cst  montrdc  a  la  figure  4.  Ellc  cst  construitc  autour  d  un 
calculates (TEK 4041).  Les  signaux rc?us sont d’abord dchantillonnds  k  l’aidc dun numdriscur  (TEK 7612  D) puis  transfdrds  dans 
unc  unitd  dc  stockage  (TEK  4041  DD0)  pour  un  traitement  numdrique  diffdrd.  Un  caplcur  de  distance  permet  de  rclevcr,  avee 
prdcision,  Ic  ddplaccmcnl  du  rdccptcur  mobile. 

Les  donndcs  ont  dtd  obtcnucs  pour  unc  vitesse  constantc  du  mobile  dc  l'ordrc  dc  1  m/s,  sur  dcs  parcours  dc  30  m  environ.  La 
frdqucncc  d'dchantillonnagc  dcs  signaux  cst  dc  50  MHz. 


5.  RESULTATS 

Unc  caractcrisation  du  canal  radiomobile  a  dtd  cffcctjce  it  petite  dchcllc .  Ccllc-ci  portait  sur  la  foncuon  de  diffusion  retard  -  Doppicr  ct 
sur  le  profil  moyen  dc  la  rdponsc  impulsionnelle.  Les  figures  5  ct  6  montrent  dcs  excmplcs  dc  rcsultats  obtenus.  Ceux-ci  petmctieni 
d  aboutir  &  unc  caractdrisation  globale  portant,  en  particulicr,  sur  la  densitd  dc  probabilitd  d'occupauon  dcs  trajets  dans  un  intcrvallc  dc 
retards  domid. 


bn  pratique,  cette  probabilitd  est  obtenue  en  comptant  le  nombre  dc  profils  ou  l'amplilude  du  trajet,  dans  un  intcrvallc  dc  retards  dc 
100  ns,  ddpassc  un  scuil  choisi.  La  figure  7  reprdsente  la  probabilitd  d'occupation  dcs  trajets  issue  dcs  rdsultats  expdrimentaux  rclevCs 
dans  un  site  suburbain.  D  autre  part,  le  rdsultal  uc  1  estimation  de  cette  probabilitd,  tird  k  partir  dcs  parametres  dc  l  cnvironncmcnt  du 
mcme  site,  cst  portd  sur  la  Ogure  8.  Une  confrontation  dc  cc  rdsultat  avee  cclui  dc  l'cxpdricncc  permet  dc  constatcr  un  accord 
satisfaisant. 
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6.  CONCLUSION 

Cet  article  a  conceme  la  presentation  d'une  mdthode  pour  estimer  la  rdponse  impulsionnelle  du  canal  radiomobile  ii  large  bande.  La 
comparaison  des  resultats  de  l'estimation  et  l'expdriencc  a  dtc  effectude  en  considerant  la  probabilitd  d'occupation  dec  trajets  dans  un 
intervalle  de  retards  donne.  Cette  confrontation  apparait  promettcuse.  Mais,  d'autres  campagnes  dc  mesure  seront  ndeessaires  pour 
valider  la  mdthode  dans  des  sites  divers. 
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FIG.4 :  Systeme  d'acquisition  des  donndcs. 


Retard  relatif  (juS) 


FIG.6 :  Profil  nioyen  dc  la  rdponse  impulsionnelle. 
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DISCUSSION 

K.S.  KHO 

1  -  There  are  two  methods  of  wide  band  measurements  : 

-  using  pulses 

-  using  PR  patterns. 

It  seems  to  me  that  pulse  measurements  are  the  less  complex  one. 

Can  you  give  some  rationale  behind  your  PR  pattern  choice  ? 

2  -  The  narrowband  propagation  characteristics  is  quite  wellknown.  Is  it 

not  possible  to  extrapolate  the  narrowband  characteristics  to  the  wide 
band  characteristics  ? 

AUTHOR'S  REPLY 

1  -  II  est  vrai  que  la  mesure  par  1' Emission  d* impulsions  est  plus  simple 

A  mettre  en  oeuvre,  par  rapport  A  la  mesure  par  I'Amission  d'une  sequence 
pseudo-aldatoire. 

Mais  1 ' inconvenient  majeur  de  cette  technique  s' exprime  par  la  nAcessite 
d'Amettre  des  impulsions  avec  une  puissance  Crete  trAs  importante.  Ceci 
pour  assurer  une  detection  adequate  des  impulsions  revues. 

Quant  A  la  mesure  par  1‘ emission  d'une  sequence  pseudo-alAatoire,  elle 
necessite  d'une  part  une  puissance  crete  relativement  plus  faible  et 
d' autre  part,  elle  presente  une  meilleure  immunite  contre  certains  types 
de  brouilleurs.  Ceci  est  obtenu  grace  au  principe  de  l'etalement  de  spectre. 

2-11  est  vrai  qu'on  ne  peut  pas  extrapoler  les  caracteristiques  de  la 
propagation  A  large  bande  A  partir  de  celles  A  bande  etroite.  Mais  le 
contraire  est  tou jours  possible,  du  fait  que  1' emission  A  large  bande  est 
equivalente  A  plusieurs  Amissions  sunultanAes  A  bande  etroite. 

E.  GURDENLI 

1  -  Can  you  confirm  that  your  model  is  an  "extension"  of  Bajwa's  ? 

2  -  Can  you  confirm  that  the  only  extension  is  the  inclusion  of  the  height 

of  the  scatterers  ? 

3  -  What  probability  functions  are  used  for  the  parameters  of  the  model  ? 

4  -  You  described  the  use  of  topographic  maps  to  extract  the  height  information 

for  specific  scenarios.  Do  you  have  a  probability  density  function  for 
the  height  parameter  ? 

AUTHOR'S  REPLY 

1  &  2  -  Notre  modAle  fait  intervenir  la  hauteur  des  diffuseurs,  tandis  que  le 
modAle  de  Bajwa  est  bidimensionnel  et  ne  tient  compte  que  de  la  surface 
d' occupation  du  sol  par  ces  derniers. 

3  &  4  -  Les  travaux  actuels  permettent  d'envisager  la  determination  des 
densitAs  de  probabilite  pour  des  paramAtres  tels  que  :  la  hauteur  des 
diffuseurs,  la  distance  diffuseurs-rAcepteur  et  la  position  angulaire  des 
diffuseurs. 

En  pratique,  1' extraction  de  1 ' information  sur  la  hauteur  des  diffuseurs 
se  fait  par  une  inspection  sur  le  site. 
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SUMMARY 

Wideband  propagation  measurements  within  the  frequency  band  200  to  2000  MHz 
have  been  made  through  a  coniferous  forest  of  Douglas  fir  at  Fort  Lewis, 
Washington  and  through  a  deciduous  forest  of  red  maple  in  Coventry, 
Connecticut.  Measurements  were  repeated  at  Fort  Lewis  in  successive  years 
following  thinning  of  the  forest,  and  twice  within  the  same  year  at  Coventry, 
before  and  after  the  autumn  fall  of  leaves.  These  field  measurements 
utilized  wideband  impulse -response  measurements  to  characterize  the  UHF 
wideband  forest  propagation  channel.  The  effort  relied  upon  the  US  Army's 
Wideband  Propagation  Measurement  System  (WPMS) ,  a  self-contained,  mobile, 
automated,  wideband  propagation  data  acquisition  and  recording  system.  This 
measurement  program  has  been  closely  coupled  to  an  analytic  effort  to  develop 
a  UHF  forest  propagation  model  suitable  for  predicting  the  transmission  loss 
and  delay  spread  experienced  by  a  radiowave  propagating  through  the  forest. 
This  paper  will  review  both  measured  and  predicted  values  of  transmission  loss 
and  delay  spread  as  they  relate  to  distance,  antenna  height,  frequency, 
polarization  and  biophysical  forest  parameters.  Concepts  bearing  on  the 
analysis  and  interpretation  of  the  measured  data  will  be  discussed,  and 
conclusions  drawn  relating  to  communication  system  deployment  in  forests. 


1 .  INTRODUCTION/BACKGROUND 

This  program  was  initiated  in  response  to  the  increasing  comtemplated  use  of 
wideband  techniques  and  the  absence  of  definitive  models  to  support  the 
analysis  of  wideband  performance.  To  date,  link  budget  designs  are  still 
generally  based  on  narrowband  propagation  analyses  and  models.  Since 
narrowband  models  do  not  account  for  the  increased  vulnerability  of  wideband 
propagation  to  multipath  and  frequency  selective  fading,  the  use  of  narrowband 
models  in  the  design  of  communication  equipment  employing  wide  bandwidths  may 
result  in  under -design.  Wideband  measured  data  and  a  wideband  propagation 
model  were  both  needed  to  accurately  represent  the  effects  of  the  forest 
channel  on  wideband  transmission.  The  motivations  behind  the  Army's  Wideband 
Propagation  Program  and  its  evolution  are  fully  discussed  by  P.  Sass  (ref.  1) . 

The  Wideband  Propagation  Measurement  System  (WPMS)  has  been  designed 
(ref.  2)  as  a  computer -controlled,  self-contained  measurement  tool  with 
which  to  conduct  a  series  of  comprehensive  UHF  ground  communications 
channel  measurements.  The  system  covers  a  broad  range  of  UHF 
frequencies  and  bandwidths,  the  transmitter  and  receiver  portion  of  the 
system  are  housed  in  separate  vehicles,  and  each  vehicle  is  equipped 
with  integral  self -erecting  antenna  towers  with  an  operating  range  between 
12  and  65  feet.  The  complete  characteristics  and  capabilities  of  the 
system  are  summarized  in  Table  1. 

The  transmitted  signal  is  a  wideband  pseudonoise  (PN)  code -modulated 
phase- shift-keyed  signal.  After  transmission  through  a  carefully 
calibrated  transmitter  and  antenna  system,  the  wideband  received  signal  is 
cross-correlated  at  the  receiver  with  a  locally- generated  replica  of  the 
transmitted  signal  to  produce  the  impulse  response  of  the  channel.  The 
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Time-Varying  Impulse  Response  (TVIR)  is  the  primary  means  of  channel 
measurement  (ref.  3).  The  amplitudes  and  locations  of  the  peaks  in  the  TVIR 
provide  data  on  the  attenuation  and  delay  of  the  received  signal. 

The  measurement  approach  used  to  derive  the  TVIR  of  the 
communication  channel  is  known  as  a  "sliding  correlator";  so-called 
because  the  receiver  clocks  its  code  sequence  at  a  rate  slightly  different 
from  the  transmitter's.  This  causes  the  transmitter  and  receiver  code 
sequences  to  slip  in  phase  with  respect  to  each  other,  so  that  the 
correlation  function,  when  viewed  on  an  oscilloscope  appears  to  trace  out 
the  full  length  of  a  TVIR.  The  WPMS  further  reduces  the  long 
examination  time  inherent  in  such  sliding  correlator  techniques  by  utilizing 
pairs  of  in-phase  and  quadrature  correlators ,  the  pairs  offset  by  1/4  chip 
intervals  to  reduce  the  total  correlation  time.  Both  in-phase  and 
quadrature -phase  components  of  the  measured.  TVIR  are  recorded.  For  any  given 
episode  (a  prescribed  configuration  of  radio/antenna  parameters) ,  the  TVIR 
is  measured  repeatedly  until  the  data  buffer  overflows.  Post-episode 
processing  of  the  TVIRs  involves  calculation  of  the  corresponding  PTVIRs 
(sum  of  the  squares  of  the  in-phase  and  quadrature  components)  and 
their  Fourier  transforms.  Also  determined  are  the  PTVIR_MIN, 
PTVIR_AVG,  and  PTVIR_MAX.  Analogous  operations  are  carried  out  on  the 
Fourier  spectra  to  determine  SPEC_MIN,  SPEC_AVG,  and  SPEC_MAX. 


2 .  MEASUREMENT  LOCALES 

Propagation  measurements  were  made  in  two  distinctly  different  forest 
environments  -  a  trunk  dominated  Douglas  fir  forest  in  the  Pacific  Northwest 
(Ft.  Lewis,  Washington)  and  a  canopy  dominated  deciduous  forest  consisting  of 
red  maple  in  the  Atlantic  Northeast  (Coventry,  CN) .  Field  propagation 
measurements  were  conducted  twice  at  each  site.  Measurements  were  made  at 
Fort  Lewis  prior  and  after  thinning  (some  of  the  trees  were  harvested) 
allowing  a  unique  opportunity  to  gauge  the  impact  of  tree  density  on  a 
propagating  signal.  Measurements  were  made  at  Coventry  during  the  summer  and 
in  the  autumn  (after  the  leaves  had  fallen)  providing  an  opportunity  to 
measure  the  seasonal  effect  of  foliage  on  radio  signals. 

The  propagation  measurements  conducted  at  Fort  Lewis  were  made  at  a  number  of 
antenna  heights  providing  propagation  data  from  manpack-type  deployment  to 
just  under  forest  canopy  deployment.  The  first  sets  of  measurements  at  Fort 
Lewis  (ref.  4)  were  made  during  April-May  1986  and  were  conducted  at  two 
different  sites.  One  site,  Holden  Woods,  had  older,  less  dense  growth  with 
taller  (60-130  feet)  larger  (greater  diameters)  trees  than  the  second  site, 
South  Perry,  which  had  heights  between  50  and  100  feet.  The  South  Perry 
measurements  were  repeated  in  June  1987  after  the  trees  had  been  thinned. 

Measurements  were  made  at  Coventry,  Connecticut  in  late  August- early  September 
of  1987  and  identical  measurements  made  again  in  early  November  (after  the 
autumn  fall  of  leaves)  of  the  same  year.  The  site  is  a  flat  wetland  with  a 
30 -year  old  stand  of  red  maple  with  occasional  white  pine  and  aspen  along  the 
edges  of  the  stand.  The  forest  height  is  about  48  feet;  the  base  of  the 
canopy  is  about  28  feet  above  the  forest  floor. 


3.  FOREST  BIOPHYSICAL  CHARACTERISTICS 

In  order  that  measured  data  might  be  used  both  for  model  validation  and  trend 
analysis,  the  forests  themselves  were  carefully  characterized  biophysically. 
For  example,  at  Fort  Lewis,  a  regular  grid  of  tenth- acre  plots  was  established 
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and  within  these  plots  the  number  of  trees,  tree  trunk  diameters,  tree 
heights,  and  canopy  thickness  were  all  measured.  The  tree  trunk  number 
density  and  mean  tree  trunk  diameter  were  then  determined  for  each  plot  and 
used  to  construct  the  contour  plots  shown  in  Figures  1  and  2.  These  figures 
proved  especially  useful  in  assessing  the  homogeneity  of  the  measurement,  sites 
and  for  deriving  the  path-averaged  values  of  tree  trunk  number  density  needed 
for  model  validation  and  data  interpretation.  The  tree  trunk- diameter 
histogram  (composite  over  all  plots)  and  tree  height- diameter  regression  curve 
are  shown  in  Figures  3  and  4. 


4.  PATH-LENGTH  EFFECTS 

Path  attenuation,  as  expected,  increased  with  increasing  path  length.  This  is 
apparent  from  the  (1986)  Fort  Lewis  path  attenuation  data,  measured  at  three 
frequencies  (400,  850  and  1050  MHz)  between  three  equal-height  antennas  (11.6, 
14.6  and  17.6  m)  and  plotted  in  Figure  5.  Regression  of  path  attenuation 
against  path  length  reveals  only  slight  statistically  significant  differences 
according  to  frequency  and  polarization.  With  horizontal  polarization,  the 
least-squares  attenuation/distance  slopes  at  the  higher  frequencies  of  850  and 
1050  MHz  are  about  0.17  dB/m;  for  all  other  polarization- frequency 
combinations  the  slope  is  about  0.14  dB/m.  There  has  been  no  evidence  of  any 
lateral  wave,  a  forest  propagation  mechanism  which  often  arises  in  dense 
forests  at  frequencies  below  200  MHz.  (The  lateral  wave  is  discussed  further 
in  Section  6 . )  Measurements  conducted  at  Coventry  prior  to  and  after  the 
autumn  fall  of  leaves  show  an  approximate  5  to  6  dB  drop  in  attenuation  loss 
with  the  leaves  gone. 

Delay  spread,  too,  increases  with  increasing  path  length.  This  is  apparent 
from  the  (1986)  Fort  Lewis  delay-spread  measurements  shown  in  Figure  6. 
Generally,  the  delay- spread  of  horizontally  polarized  waves  increases  less 
rapidly  with  increasing  path  length  than  do  the  corresponding  delay- spreads  of 
vertically  polarized  waves.  Especially  notable  is  the  rapid  increase  of 
delay- spread  with  increasing  path  length  experienced  by  vertically  polarized 
400  MHz  radiowaves. 

5.  ANTENNA  HEIGHT/POLARIZATION  EFFECTS 

Both  the  Fort  Lewis  and  Coventry  data  indicate  attenuation  to  have  some 
antenna  height  dependency.  A  plot  of  path  attenuation  versus  antenna  height 
for  frequencies  of  400,  850,  and  1050  MHz  for  both  vertical  and  horizontal 
polarization  is  shown  in  Figure  7  using  data  from  the  1986  measurements  at 
Fort  Lewis.  Note  that  no  data  are  provided  for  South  Perry  for  horizontal 
polarization  at  850  and  1050  MHz  and  for  vertical  polarization  at  an  antenna 
height  of  65  feet.  The  path  loss  was  so  great  at  these  frequencies  and 
polarizations  that  no  signal  could  be  measured.  The  400  MHz  data  showed 
little  change  with  height,  whereas  the  higher  frequency  data  showed  an 
increase  in  path  loss  with  increasing  antenna  height.  The  high-frequency 
cases  clearly  refute  the  general  wisdom  that  higher  antenna  heights  are 
better.  The  increased  path  loss  is  most  notable  in  the  South  Perry 
(shorter  trees)  data.  This  suggests  that  clearance -below-canopy  is  the 
effective  parameter  and  not  height.  In  addition,  the  Holden  data  indicate 
that  horizontally  polarized  signals  suffer  more  attenuation  at  the  higher 
frequencies,  most  probably  because  of  the  effect  of  horizontally  oriented 
branches . 

Attenuation  measurements  through  deciduous  trees  at  Coventry  showed  just 
the  opposite  path-loss/polarization  dependency.  As  stated  earlier  the 
conifers  at  Fort  Lewis  had  branches  that  were  practically  horizontal  while 
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the  deciduous  trees  at  Coventry  had  branches  with  a  more  vertical  orientation. 
These  two  different  results  reinforce  the  contention  that  branches,  and  more 
specifically  their  orientation,  strongly  impact  the  path-loss/polarization 
relation. 

At  Port  Lewis  (the  only  delay  spread  data  processed  so  far)  delay  spreads 
up  to  600  nanoseconds  were  observed.  Delay  spread  was  found  to  be 
greater  with  vertical  polarization  especially  at  400  MHz.  Although  the 
Coventry  data  has  not  been  formally  processed  delay  spread  was  also  noted  to 
be  greater  with  vertical  polarization  that  with  horizontal. 


6.  FOREST  PARAMETER  EFFECTS 

Tree  trunk  number  density  appears  to  be  the  primary  parameter  affecting  signal 
strength  and  multipath  delay  spread,  although  for  antennas  situated  within  the 
canopy,  branch  size  and  orientation  statistics  are  likely  to  play  a  major 
role.  The  dominant  propagation  mechanism  in  the  forest  appears  to  be  tree 
scatter.  No  ground  effects  were  noticed,  and  it  appeared  that  ground 
reflections  were  lost  in  multiple  tree  scatter.  The  existence  of  a 
"lateral  wave"  (a  wave  that  propagates  just  above  the  canopy/air 
interface)  was  not  seen. 

A  particularly  useful  measure  for  assessing  the  effects  of  the  forest 
parameters  on  signal  strength  is  specific  attenuation.  According  to  theory 
[7],  the  specific  attenuation  within  a  trunk- dominated  forest  increases 
linearly  with  increasing  tree-  trunk  number.  Theoretical  curves  showing  the 
variation  of  specific  attenuation  with  frequency  are  shown  in  Figure  8  based 
on  the  (1986)  South  Perry  biophysical  parameters.  Also  shown  are  the  values 
of  specific  attenuation  derived  from  measurement.  Although  order-of-magnitude 
agreement  is  excellent,  the  polarization  dependence  is  extremely  ragged, 
probably  because  the  antennas  were  positioned  only  slightly  below  the  canopy 
where  scattering  from  branches  could  strongly  affect  polarization. 

The  much  misunderstood  lateral  wave  merits  further  discussion  (ref.  5). 
First,  a  lateral  wave  is  a  signal  that  originates  from  an  antenna  within  the 
confines  of  the  forest,  exits  the  forest  through  the  canopy, 
propagates  just  above  the  canopy  (experiencing  essentially  free  space 
attenuation  loss),  re-enters  the  forest  through  the  canopy,  and  is 
received  at  a  second  antenna  also  in  the  forest.  Before  addressing  the 
lateral  wave  further  some  understanding  of  the  propagation  electromagnetics 
of  a  signal  in  foliage  is  necessary. 

The  propagating  forest  signal  consists  of  an  incoherent  and  coherent 
component.  As  a  radiowave  propagates  through  the  forest,  power 
associated  with  the  coherent  component  is  transformed  to  the 
incoherent  component.  The  strength  of  the  coherent  wave  is  dependent  on 
its  ability  to  maintain  coherence.  It  is  the  coherent  component  that  gives 
rise  to  the  lateral  wave.  As  frequency  increases  (and  wavelength  decreases) 
the  turbulence  or  roughness  of  the  canopy/air  boundary  disrupts  the 
coherent  component  causing  it  to  lose  coherence.  Therefore,  at 
frequencies  above  400  MHz  the  strength  of  the  coherent  component  has  been 
reduced  to  such  an  extent  by  crossing  the  canopy/air  interface  that  the 
lateral  wave  contribution  to  the  received  signal  is  negligible. 

Measurements  were  conducted  at  Coventry  specifically  with  the  intent  of 
finding  a  lateral  wave.  The  measurements  were  made  at  a  path  length  of  910 
feet  with  both  transmitting  and  receiving  antennas  at  identical  heights. 
The  center  of  the  canopy  and  the  canopy/air  interface  were  at 
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approximately  38  and  48  feet  respectively.  Most  surprisingly,  less  loss 
was  found  at  38  feet  than  at  42  feet.  A  summary  of  the  experiment 
characteristics  and  results  are  shown  in  the  following  table: 


Antenna 
Height  (ft) 


Path  Attenuation  (dB) 


Vertical 


Horizontal 


38 

15.2 

42 

17.3 

47 

10.5 

52 

9.6 

4.4 

10.2 

6.3 

10.6 


Depending  on  forest  canopy  density,  the  portion  of  the  transmitted  signal 
giving  rise  to  the  lateral  wave  propagates  upward  from  the  transmitting 
antenna  through  the  canopy  and  downward  from  above  the  canopy  to  the 
receiving  antenna  at  an  angle  between  3  an  4  degrees  relative  to 
horizontal.  Using  this  criterion  with  the  measurements  made  in  the  canopy 
region  at  Coventry,  a  lateral  wave  should  have  been  seen.  At  antenna 
heights  of  52  and  47  feet  no  excess  path  loss  should  have  been  noted. 
Furthermore,  the  path  loss  should  have  increased  as  the  antenna  height  was 
reduced  to  38  feet.  This  last  result  certainly  indicates  that  the  signal 
travels  along  a  direct  path  through  the  forest,  experiencing  path  loss 
dependent  on  the  density  or  number  of  scatterers  present. 

An  additional  problem  when  assessing  data  to  determine  the  existence  of 
a  lateral  wave  is  the  homogeneity  of  the  forest  parameters  (i.e.,  uniform 
tree  height  and  number  density  for  the  entire  transmission  path) .  The 
plots  in  Figure  9  demonstrate  the  homogeneity  problem.  This  figure 
contains  plots  of  excess  path  loss  vs  distance  for  the  Holden  Woods  site  at 
Fort  Lewis.  Note  that  the  excess  attenuation  exhibits  a  minimum  at 
800  feet  attributable,  most  likely  to  path  inhomogeneity.  On  long  paths 
where  the  lateral  wave  has  supposedly  been  seen  an  examination  of  the  path 
should  be  made.  Based  on  this  project's  experience  in  temperate  forests, 
it  is  difficult  to  find  a  path  of  any  great  length  that  maintains  constant 
density  or  height. 

7.  CONCLUSIONS 


This  paper  has  presented  the  initial  findings  of  the  Army's  Wideband 
Propagation  Measurement  program.  This  effort  is  filling  the  void  in  wideband 
signal  behavior  and  modeling;  combining  developing  wideband  theory  and 
propagation  models  with  actual  field  measurements  to  collect  empirical 
wideband  propagation  channel  data.  Some  notable  observations  from 
the  field  measurements  are  presented  and  a  comparison  of  measured  results 
to  model -predicted  signal  behavior.  The  experiment  results  are  by  no  means 
conclusive,  since  foliage  measurements  have  been  dominated  by 
measurements  in  the  trunk  region  of  the  forest,  but  the  findings 
demonstrate  the  potential  value  of  these  measurements  to  understanding  the 
wideband  communication  channel. 


Most  noteworthy  are  the  antenna  height/pathloss  results  and  the 
polarization/pathloss  results  at  both  Fort  Lewis,  Washington  and  Coventry, 
Connecticut.  These  height/pathloss  results  clearly  refute  the  general 
wisdom  that  higher  antenna  heights  are  better  and  may  clearly  impact  tactical 
radio  deployment  philosophy.  The  Fort  Lewis  measurements  made  below  the 
canopy  in  the  trunk  dominated  portion  of  the  forest,  show  a  pronounced 
increase  in  path  loss  with  increasing  antenna  height,  especially  with 
increasing  frequency  and  horizontal  polarization,  Likewise  the  Coventry, 
Connecticut  (deciduous  forest)  results  show  that  path  loss  is  less  at 
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mid-canopy  than  just  below  the  canopy  interface. 

These  findings  and  others  described  in  this  paper  will  be  examined 
further  in  an  on-going  analysis  and  presumably  in  future  measurements. 
Specifically,  measurements  are  planned  around  the  canopy /air  interface  and 
through  foliage  over  rougher  terrain.  These  current  findings,  further 
analysis  of  existing  data,  and  planned  future  measurements  have  expanded 
and  will  continue  to  expand  wideband  propagation  models,  and  improve  the 
utility  of  existing  propagation  models. 
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System  Capabilities 


GENERAL 

Carrier  frequency  range 

Delay-spread  range 

Delay-spread  resolution 

Doppler-spread  range 

Doppler-spread  resolution 

TVIR  amplitude  resolution 

TVIR  multipath  amplitude  resolution 
Measureable  path  loss 

200  to  2000  MHz 
-1  to  20  us 

2  ns 

-15  to  240  Hz 
<2  Hz 

0.1  dB 
-20  dB  min 

155  dB  min 

ANTENNAS 

Omnidirectional 

Biconical 

Directional 

Crossed  LPAs 

Transmitter  polarization 

V,  H,  RCP 

Receiver  polarization 

V,  H.  RCP,  LCP 

Azimuth 

0  to  360° 

Height 

5  to  65  ft 

TRANSMITTERS 

Number 

2 

i  Frequency  range  i 

Transmitter  No.  1 

200  to  1050  MHz 

Transmitter  No.  2 

700  to  2000  MHz 

Power  output 

100  W  max 

Modulation 

PN  sequence 

Clock  rate 

Bi-phase  modulation  or  CW 

50,  125,  or  250  MHz 

Instantaneous  null-to-null  bandwidth 

100,  250,  or  500  MHz 

PN  code  length  (chips) 

255,  511,  1023,  or  2047 

Control 

Local  or  receiver  computer 

RECEIVER 

Number 

2 

Frequency  range  (each  channel) 

200  to  2000  MHz 

Sensitivity  (23  dB  SNR  in  50  kHz  BW) 

-95  dBm 

Modulation 

PN  sequence 

Clock  rate 

Bi-phase  modulation  or  CW 

50,  125,  or  250  MHz 

Instantaneous  null-to-null  bandwidth 

100,  250,  or  500  MHz 

Code  length  (chips) 

255,  511,  1023,  or  2047 

Control 

Local  computer 

Instantaneous  dynamic  range 

50  dB 

Input  signal  range  (at  van  wall) 

0  to  -95  dBm 

AGC  (receiver  computer  controlled) 

Stepped  in  1-dB  increments 

RCVR-Van  Road 


FIGURE  1.  Tree-Trunk  Number  Density 


South  Perry:  Average  Trunk  Diameter  (inches) 

Contour:  CM  I n i mum , ( Int e r va 1 ) , Max f mum]  :  C7,(2),15] 

Distances  in  Chains  (1  Chain  "  SS  ft) 


FIGURE  2.  Mean  Tree -Trunk  Diameter 


Tree  Height  in  Feet  Number  of  Trunks 
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South  Perry  (14  Tenth-Rcre  Plots): 
Trunk-Diameter  Histogram 


FIGURE  3.  Tree-Trunk  Diameter  Histogram 
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FIGURE  4.  Tree  Height-Diameter  Curve 
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FIGURE  6.  S. Perry  delay  spread  vs.  distance 
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ABSTRACT 

Statistical  results  of  in-band  amplitude  dispersion  on  a  microwave  link  during  1985  with  diversity  reception  in  France 
ai  e  presented.  The  large  time  extent  of  our  data  base  allowed  an  analysis  of  the  seasonal  variations  of  ir.-band  amplitude 
dispersion  distributions.  Worst-month  distributions  are  also  presented  for  each  channel.  Idealized  switch  diversity  is 
investigated  with  the  decision  criterion  of  in-band  amplitude  dispersion.  It  was  found  that  the  potential  improvement  due  to 
the  space  diversity  technique  in  terms  of  the  reduction  in  amplitude  dispersion  was  remarkable.  The  frequency  correlation 
coefficient  of  received  amplitudes  and  powers  in  the  summer  of  1 985  was  computed  on  the  experimental  data  base. 
Comparisons  between  experimental  results  and  theoretical  results  were  made  for  the  two  non-diversity  channels  for  the 
summer  period  of  1985. 

I.  INTRODUCTION 

High-capacity  digital  microwave  systems  are  very  sensitive  to  in-band  amplitude  dispersion  (IBAD)  due  to  multipath 
fading.  It  was  found  from  experiments  and  theoretical  considerations  that  the  bit  error  rate  (BER)  is  closely  correlated  with 
in-band  amplitude  dispersion  {4J.  Because  of  its  simplicity  of  measurement  and  its  strong  correlation  with  medium  and  high- 
capacity  terrestrial  microwave  digital  system  performance,  IBAD  has  also  been  chosen  as  a  parameter  to  characterize  the 
multipath  propagation  channel  (7], 

It  has  been  previously  shown  that  statistical  characteristics  of  IBAD  can  be  a  basis  to  predict  communication  quality  of 
microwave  digital  system  due  to  multipath  fading.  Some  experimental  results  have  been  published  and  empirical  laws  have 
been  proposed  for  the  distribution  of  this  parameter.  However,  experimental  results  are  still  scarce,  especially  for  space 
diversity  systems,  and  theoretical  research  is  far  from  being  sufficient  for  the  prediction  of  the  statistical  characteristics  of  this 
parameter. 

This  paper  describes  experimental  results  obtained  in  France  on  a  space  diversity  microwave  link.  This  experiment 
(PACEM  2  experiment)  was  set  up  for  a  period  of  several  years  in  the  Beauce  region,  and  extends  over  a  length  of  50  km, 
with  two  receiving  antennas  at  heights  of  80  and  95  metres,  respectively.  The  operating  frequency  is  about  1 1  GHz,  with  a 
bandwidth  of  64  MHz.  Transfer  functions  (Automatic  Gain  Control  Voltage  and  Group  Delay  Distortion)  were  recorded 
with  a  frequency  sweep  rate  of  1 7.5  Hz  on  both  diversity  channels,  and  128  samples  per  sweep.  In  order  to  reduce  the 
amount  of  received  data,  only  those  transfer  functions  affected  by  multipath  were  kept,  using  a  fade  selection  threshold  of 
6  dB.  It  should  be  noted  that  transfer  functions  from  both  channels  were  kept  whenever  one  of  the  single  channels  exceeded 
this  threshold.  The  topographic  profile  of  the  PACEM  2  experimental  link  is  given  in  Fig.  1 ;  more  details  about  this 
experimental  set-up  can  be  found  in  previous  papers  (3]  (2j. 

From  a  theoretical  point  of  view,  a  model  is  described,  and  the  statistical  characteristics  of  the  IBAD  parameter  during 
serious  multipath  fading  can  be  obtained.  The  comparisons  between  the  cumulative  distributions  of  measured  IBAD  and  the 
calculated  results  for  serious  multipath  fading  periods  is  presented  here. 

II.  EXPERIMENTAL  RESULTS 

In-band  linear  amplitude  dispersion  (IBLAD)  is  the  difference  between  two  levels  in  decibels  at  two  frequencies. 

In  this  paper,  the  statistical  results  of  the  in-band  and  linear  amplitude  dispersion  in  a  55  MHz  frequency  band  in  the 
whole  period  of  the  year  1985  are  revealed. 

The  definition  of  IBLAD  employed  in  this  paper  is, 

IBLAD  =  201og(R2/R,)  =  101og(P,/P,)  (1) 

where  R2  and  P2  are  received  relative  amplitude  and  power  corresponding  to  the  higher  edge  frequency  f2  of  the  frequency 
band,  R,  and  P,  are  received  relative  amplitude  and  power  corresponding  to  the  lower  edge  frequency  f,  of  the  band.  For 
cumulative  probability  calculations,  the  absolute  values  of  IBLAD  are  taken, 

Z  =  201og[max(R„R2)/min(R1,R2)).  (2) 


*  Mr  Li  is  a  researcher  of  China  Research  Institute  of  Radiowave  Propagation. 
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In  the  following,  what  is  meant  by  the  term  diversity  or  third  channel,  is  the  one  obtained  supposing  ideal  switching,  i.e. 
keeping  that  of  the  two  single  channels  which  has  the  lower  IBLAD. 


A.  Monthly  Distributions 

T ig.2  and  Fig.3  show  the  variations  of  the  statistical  distributions  of  IBLAD  for  the  three  channels  from  month  to 
month.  It  should  be  noted  that  the  curves  for  January  and  December  are  less  reliable  for  the  leason  that  insufficient  data 
were  recorded  due  to  some  failures  of  measurement  system. 

The  probability  values  given  in  Fig.2  are  relative  or  conditional  probabilities.  The  probability  given  in  Fig.3  was 
counted  relative  to  the  total  experimental  time  during  the  month  of  interest.  Fig.3  contains  the  total  information,  taking  into 
account  the  difference  in  fading  occurrence  from  one  month  to  the  next,  the  interest  of  conditional  probability  representation 
of  Fig.2  is  to  stress  the  month  difference  in  the  strength  of  the  events. 

It  should  be  noted  here,  in  Fig.2  and  Fig.3,  that  owing  to  the  rejection  of  recorded  data  not  satisfying  the  selection 
criterion,  a  certain  distortion  is  introduced  for  small  values  of  IBLAD.  Indeed,  we  keep  all  transfer  functions  with  IBLAD 
greater  than  6  dB,  because  then  the  attenuation  in  the  bandwidth  is  also  greater  than  6  dB.  Portions  of  the  transfer  functions 
with  IBLAD  lower  than  6  dB  on  the  other  hand  may  have  an  attenuation  lower  than  6  dB  and  thus  be  rejected  by  the  data 
selection  process,  it  results  in  a  “distortion”  of  the  IBLAD  statistics  at  lower  value.  But  this  is  of  no  practical  consequence,  if, 
as  can  be  suggested,  all  possibly  damageable  transfer  functions  are  retained. 

In  Fig.3,  it  appears  that  the  probability  values  of  small  IBLAD  for  the  diversity  channel  are  greater  than  those  of  non- 
diversity  channels.  Since,  during  the  calculation  of  cumulative  p;  labilities  of  IBLAD,  the  same  total  time  ^experimental 
time,  was  used  for  the  three  channels,  and  since,  moreover,  the  chosen  IBLAD  for  the  diversity  channel  is  the  smaller  of 
IBLAD  values  between  both  non-diversity  channels,  there  are  much  more  small  values  of  IBLAD  on  the  diversity  channel, 
this  is  the  reason  for  such  a  result.  In  fact,  diversity  is  useful  only  when  IBLAD  is  large  enough  to  induce  outage.  In  that  case, 
the  curves  always  display  a  diversity  improvement.  This  benefit  could  be  better  understood  afterwards  in  part  II-D  of  this 
paper. 

B.  Seasonal  Variations 

Seasonal  variations  for  two  selected  thresholds  of  IBLAD  are  given  in  Fig.4.  It  can  be  clearly  seen  that  there  exists  a 
broad  maximum  in  the  summer,  which  would  be  expected  since  it  is  known  that  atmospheric  layering  occurs  more  frequently 
during  summer.  Also,  for  the  lower  antenna,  a  high  peak  in  February  is  noticeable,  which  can  be  explained  by  winter 
occurrence  of  atmospheric  layers  during  short  time  periods. 

Worst  month  distributions  for  the  three  channels  are  given  in  Fig.5.  They  have  been  obtained  as  the  envelope  of  the 
monthly  curves  of  Fig.3.  It  shows  that  for  worst-month  a  great  improvement  is  provided  by  space  diversity.  The  quantitative 
description  of  the  diversity  improvement  will  be  found  in  II-D. 

It  can  be  noticed  that  the  poor  diversity  improvement  obtained  on  the  level  at  centre  frequency  on  the  same  data  base 
[2j  due  to  an  abnormal  behaviour  of  the  events  recorded  in  June,  does  not  appear  when  considering  the  IBLAD  here. 

C.  Yearly  Distributions 

The  distributions  of  negative  and  positive  values  of  IBLAD  for  the  three  channels  are  giv en  in  Fig.6.  There  seems  to 
exist  a  slight  dissymmetry  for  the  three  distribution  curves. 

Fig.7  gives  the  cumulati.e  distributions  all  over  1985.  They  are  almost  linear  for  the  three  channels  taken  individually, 
the  slope  values  are  given  in  Table  1 . 


TABLE  I 


Channel 

Lower  antenna 

Higher  antenna 

Diversity 

0 - 24  dB 

0  —  30  dB 

0 — 12  dB 

Slope  (dB/decade) 

6.2 

7.5 

2.2 

From  all  of  tile  above  curves,  is  obvious  that  in  our  experiment  the  higher  antenna  is  much  more  sensitive  to  multipath 
events,  which  is  consistent  with  already  obtained  distributions  of  fade  levels  at  centre  frequency  [2]. 

D.  Diversity  Improvement 

The  IBLAD  parameter  has  been  chosen  in  this  paper  as  the  decision  criterion  of  the  space  div  ersity  technique.  The 
statistical  results  for  the  idealised  switch  diversity  channel  are  computed.  Diversity  improvement  factors  which  are  defined  as 
the  probability  ratios  of  the  non  diversity  channels  to  the  diversity  channel  at  certain  fixed  dispersion  thresholds  for  worst- 
month  distributions  a.e  given  in  Table  2,  and  the  diversity  improvement  factors  IVAA,  with  month  number  for  two  dispersion 
.thresholds.are.shQwn  in  F.ig.8. 
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TABLE  2 


Channel 

Lower 

Higher 

1(6  dB) 

30.78 

38.43 

I(10dB) 

95.36 

142.78 

1(20  dB) 

532.73 

1381.81 

From  Table  2  and  Fig.8,  it  is  very  clear  that  the  diversity  improvement  is  remarkable.  The  space  diversity  technique  is 
thus  a  very  efficient  method  for  overcoming  in-band  dispersivity  due  to  multipath  fading. 


E.  Frequency  Correlations 

The  frequency  correlation  coefficient  also  is  very  important  parameter  for  describing  the  severity  of  multipath  fading 
effects  and  for  estimating  in-band  linear  amplitude  dispersion.  The  correlation  coefficient  of  received  relative  amplitudes 
and  powers  at  the  two  edge  frequencies  separated  by  55  MHz  are  computed  for  the  summer  period  of  1985,  and  are  given  in 
Table  3. 


TABLE  3 


Antenna 

Correlation  Coefficient 
of  relative  amplitudes 

Correlation  Coefficient 
of  relative  powers 

Parameters 

(R1R2)  -  (R1)(R2) 
pR  oR,  oR2 

(P1P2)  -  (P1)(P2) 

Pp  oPj  oP2 

T""« 

N 

II 

X22  =  (R22)/2 

Lower 

0.786 

0.731 

0.069 

0.074 

Higher 

0.407 

0.246 

0.081 

0.084 

From  the  above  table  we  find  out  that  the  correlation  degree  of  the  higher  antenna  is  smaller  than  that  of  the  lower 
antenna.  This  also  means  that  the  effect  of  multipath  fading  on  the  higher  antenna  is  greater  than  on  the  lower  antenna. 
Moreover,  for  both  antennas,  the  amplitude  correlation  coefficients  are  greater  than  the  power  correlation  coefficients.  The 
difference  between  the  two  parameters  X, ,  and  X22  is  negligible,  which  shows  that  both  frequencies  are  statistically 
equivalent,  as  it  should  be. 

According  to  our  general  knowledge,  for  non-fading  periods,  the  received  powers  at  two  frequencies  of  the  same 
frequency  band  are  almost  completely  correlated,  and  the  frequency  correlation  coefficient  is  nearly  unity.  For  fading 
periods,  the  frequency  correlation  coefficient  is  smaller  than  one,  and  the  more  serious  the  fading,  the  smaller  the  correlation 
coefficient.  Here,  only  the  correlation  coefficients  of  fading  periods  upon  the  experimental  data  base  are  calculated.  So,  it  is 
impossible  to  compare  the  frequency  correlation  coefficients  here  with  those  previously  obtained  by  other  authors.  Because 
of  the  rejection  of  recorded  data  and  using  the  total  time  of  appearance  of  multipath  events,  the  frequency  correlation 
coefficients  obtained  here  are  much  smaller  than  the  results  published  before  (6, 8j. 


III.  THEORY 
A.  Theoretical  Model 

Considering  that  frequency  selective  fading  occurs  under  the  situation  of  comparatively  deep  fading,  it  is  known  that 
deep  fading  can  be  represented  by  a  Rayleigh  distribution  [6j.  Therefore,  a  mathematical  model  for  a  correlated  two- 
dimensional  Rayleigh  distribution  was  employed  to  describe  the  distribution  of  the  levels  at  two  frequencies.  The  joint 
probability  density  function  of  amplitudes  corresponding  to  the  two  edge  frequencies  of  the  frequency  band  can  then  be 
written  as: 


p(R, ,  R2)  =  ~~exp 


_i_ 

2q 


£i  +  M 

Xjj  X22 


I«  k 


R.R, 


q(X„X22)' 


(3) 


where  X, ,  =  !  (R;),  X22  =  5  (R2),  X12  =  (R,R2cos$  1  cos  $2)  k2  =  Xj2/XnX22,  q  =  1  -  k2,  Ie(x)  is  zeroth  order  modified 
Bessel  function  of  the  first  kind.  R,  and  R2  arc  amplitudes  corresponding  to  frequencies  f,  and  f2,  respectively.  <j>  1  and  <j>2 
are  the  phases  of  the  received  signals  at  two  frequencies  f,  and  f2,  respectively. 

With  the  definition  of  absolute  in-band  linear  amplitude  dispersion  given  by  (2),  the  formula  of  cumulative  distribution 
of  in-band  linear  amplitude  dispersion  (dB)  can  be  derived  as 
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P(a  >  a0)  —  1 


^■HaQ  X22 


X[|  ?.22aQ 


2[XT,ag  +  2XllXo(l  -  2k2)a0  +  l2J'2  2 (Xf,  +  2X„X22(1  -  2k2)a0  +  X22a^ 


(4) 


where  a0  =  10 


,Zo/10 


With  the  approximation  of  Xu  =  X,2  (which  has  been  shown  inb  II-E  to  be  reasonable),  formula  (4)  can  be  simplified 
as: 


P(a  -  ao)  =  1  - 


ap  ~  1 


(1  +  2(1  -  2k2)a„  +  £$1/2' 

If  we  know  the  parameter  k,  the  probability  of  amplitude  dispersion  can  be  calculated  easily  with  formula  (5). 


(5) 


B.  Comparisons  of  Theoretical  and  Experimental  Results 

We  discussed  the  calculations  of  the  parameter  k  as  it  was  defined  in  section  ffl-A.  It  should  be  pointed  out  that  this 
parameter  is  neither  the  correlation  coefficient  of  powers,  nor  the  correlation  coefficient  of  amplitudes. 

In  fact,  the  kind  of  measurement  available  to  us  doesn’t  allow  an  exact  computation  of  this  theoretical  parameter.  We 
therefore  investigated  two  approximation  methods  to  derive  an  estimation  of  the  parameter  k. 

First,  fitting  formula  (5)  to  the  experimental  curves  of  probability  of  IBLAD  by  a  least-square  method,  the  values  of 
parameter  k  for  the  two  non-diversity  channels  are  obtained,  and  found  to  be  0.948  and  0.827  for  lower  and  higher  antennas, 
respectively.  The  fitted  curves  are  given  in  Fig.9  (black  diamond-shaped  symbols). 

For  the  two  channels,  the  values  of  parameter  k  determined  this  way  are  different,  and  it  is  smaller  on  higher  channel 
than  on  lower  channel. 


The  second  approach  is  to  consider  that,  though  mathematically  (Rl,  R2)  and  (<j>l,<j>2)  are  not  strictly  independent,  with 
the  assumption  of  weak  correlation  between  them  and  of  a  statistically  small  difference  between  <|>1  and  (j>2,  the  following 
approximated  formula  can  be  obtained  for  k: 


(6) 


The  values  of  k  for  the  two  non-diversity  channels  based  on  our  experimental  data  were  calculated  with  the  above 
formula.  For  the  summer  period,  they  are  0.974  and  0.9 12  for  lower  and  higher  antennas,  respectively. 


Comparisons  of  measured  cumulative  distributions  of  IBLAD  with  the  calculated  results  for  both  non-diversity 
channels  in  the  summer  period  (June,  July,  August)  of  1985  are  given  in  Figure  9,  where  the  theoretical  results  are  calculated 
by  the  formula  (5),  using  the  second  estimation  method  for  k  (crosses). 


Fig.9  shows  that  the  agreement  between  the  theoretical  curve  and  the  experimental  result  is  better  on  higher  channel 
than  on  lower  channel,  which  again  can  be  explained  by  the  fact  that  there  are  much  more  strong  events  on  the  higher 
antenna  than  on  the  lower  antenna. 


IV.  CONCLUSIONS 

1  Statistical  characteristics  of  in  band  amplitude  dispersion  for  one-year  pciiod  is  presented.  Seasonal  variations  and 
worst-raonth  distributions  are  obtained. 

2.  On  this  link,  the  higher  antenna  is  much  more  sensitive  to  multipath  events. 

3,  Space  diversity  technique  is  very  efficient  for  overcoming  in-band  diversity  as  far  as  it  is  defined  by  IBLAD. 

4  For  different  channels,  the  values  of  parameter  k  are  different.  Theoretical  curves  agree  well  with  experimental  results. 
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Fig.8  Monthly  diversity  improvement 
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Fig.9  Comparisons  with  experimental  results 
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DISCUSSION 


K.S.  KHO 

You  mentioned  in  your  paper  that  you  used  space  diversity  because  frequency 
diversity  will  fail  because  the  frequencies  are  quite  correlated.  I  think 
if  the  Freq.  spacing  is  properly  done  using  height-gain  pattern,  a  correlation 
of  -  0,5  could  be  achieved.  I  think  the  relation  of  space  diversity  and  frequency 
diversity  is  nearly  1  to  1  relation. 

AUTHOR'S  REPLY 

I  don't  think  I  have  said  that  frequency  diversity  would  fail  because  the 
signals  at  two  frequencies  would  be  too  correlated.  I  agree  that,  in  its 
principle,  frequency  diversity  is  very  similar  to  space-diversity,  the 
frequency  spacing  in  one  case  corresponding  to  the  antenna  separation  in  the 
other.  In  both  cases,  the  problem  is  to  study  how  the  selectivities  on  the 
two  diversity-channels  are  correlated.  To  our  knowledge,  there  has  been  a 
very  few  experiments  concerning  space  diversity  (Rummler,  BST  61,  n°  9,  1982, 
and  our  experiment  since  1985)  and  no  experiment  at  all  on  that  aspect  of 
frequency-diversity. 

Moreover,  space-diversity  is  more  generally  used  than  frequency-diversity 
because  the  latter  requires  twice  as  large  a  frequency  bandwidth. 

D.J.  FANG 

Could  you  state  if  your  model  (eq.(3)  of  your  paper)  applies  to  atmospheric 
multipath  alone  or  applies  to  atmospheric  multipath  together  with  surface 
multipath  ?  If  it  applies  only  to  atmospheric  multipath,  the  model  may  have 
a  value  for  universal  application  as  the  atmospheric  multipath  effect  is 
less  link  specific.  On  the  other  hand,  if  it  applies  to  atmospheric  multipath 
together  with  surface  multipath,  the  model  may  have  little  value  for  universal 
applications  since  surface  condition  varies  greatly  from  one  link  to  the 
other.  Can  you  comment  on  that  ?  Specifically  what  do  you  see  your  model 
for  design  applications  of  a  different  link  ? 

AUTHOR'S  REPLY 

The  modeling  of  fade  levels  at  one  frequency  by  a  Rayleigh  distribution 
applies  to  attenuations  greater  than  about  15dB.  The  same  restriction  of 
course  applies  when  the  joint  distribution  of  the  levels  at  two  frequencies 
is  modeled  by  a  bivariate  Rayleigh  distribution.  When  the  atmospheric  signal 
is  attenuated  so  much  by  multipath  effects,  the  ground-reflected  rays  are  no 
longer  negligible.  The  resulting  signal  is  therefore  a  combination  of  several 
paths  both  from  atmospheric  and  from  ground-reflection  origins,  and  it  is 
not  possible  to  separate  them  on  the  basis  of  single  frequency  or  even  medium 
bandwidth  data. 

The  transfer  function  of  the  propagation  channel  is  very  sensitive  to  the 
smallest  change  in  any  of  these  paths,  but  from  a  statistical  point  of  view, 

I  don't  think  that  on  a  bandwidth  of  a  few  tens  of  MHz,  the  paths  effects 
depend  on  their  physical  origin.  Therefore,  a  statistical  model  should  be 
universal  ;  and  in  fact,  statistical  results  from  very  different  links  are 
qualitatively  similar. 

The  situation  could  be  different  on  a  link  presenting  permanent  strong  reflected 
rays  (for  instance  over-sea  link),  but  in  that  case,  it  is  possible  to  determine 
the  position  of  the  antenna  in  order  to  reduce  tnis  effect. 
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DISCUSSION 


E.  GURDENLI 

1  -  Please  clarify  the  difference  between  your  "relative  probability  curves" 

and  "cumulative  probability  curves". 

2  -  You  have  demonstrated  how  switched  space  diversity  can  reduce  IBLAD. 

Can  you  comment  on  how  this  concept  can  be  applied  to  the  prediction  of 
performance  of  radio  relay  systems  ? 

AUTHOR'S  REPLY 

1  -  If  T  is  the  total  period  of  observation,  and  T'  (T1  <  T)  is  the  part  of 

the  period  during  which  multipath  events  occur,  the  "relative  probability 
curves"  relate  to  time  percentages  computed  relative  to  T'  (i.e.  probabi¬ 
lities  conditionned  by  the  presence  of  a  multipath  event)  whereas  the 
"cumulative  probability  curves"  relate  to  time  percentages  computed 
from  T,  and  therefore  taking  into  account  the  occurrence  of  the  events. 

2  -  We  have  made  in  fact  a  propagation  study  of  IBLAD  on  two  channels  which 

can  be  combined  by  space  diversity.  To  apply  the  results  to  the  prediction 
of  performance  of  a  radio-link,  we  need  to  know  the  relation  between 
IBLAD  and  bit-error-rate  (BER).  This  relation  certainly  depends  on  the 
system  characteristics  (modulation,  power,  ...),  and  is  not  a  functional 
but  an  equiprobability  relation.  Its  establishment  is,  anyhow,  the  job 
of  systems  designers,  not  of  propagationists. 

Morever,  we  have  used  (for  its  simplicity)  the  concept  of  "switched" 
space  diversity  when  in  fact  real  systems  use  a  "combination"  space 
diversity,  the  analysis  of  which  would  be  more  difficult. 


C.  GOUTELARD 

Vous  signalez  une  anomalie  en  Fdvrier,  visible  dans  vos  enregistrements. 
Avez-vous  une  explication  de  cette  anomalie  importante  ? 

AUTHOR'S  REPLY 

Nous  observons  sur  l'antenne  basse  un  extremum  isold  d' occurrence  pendant  le 
mois  de  Fdvrier.  Ce  maximum  correspond  en  fait  A  lh20mn  de  ddpassement  d'une 
"distorsion  lindaire  dans  la  bande"  de  lOdB,  et  A  3  minutes  et  demi  de 
ddpassement  de  la  valeur  de  20dB. 

On  sait,  par  exemple  par  les  observations  faites  par  Louis  MARTIN  sur  la 
liaison  Lannion-Roc  Trdduder,  que  des  situations  de  trajets  multiples  se 
produisent  l'hiver.  On  sait  aussi  qu'en  climat  tempdrd  la  plus  grande  partie 
de  l'activitd  de  trajets  multiples  est  concentrde  sur  quelques  nuits  du  mois. 
Les  observations  de  Fdvrier  pourraient  done  correspondre  A  seulement  une  ou 
deux  nuits  d'dvAnemer.ts.  II  faudra  done  : 

1  -  Rechercher  les  dvAnements  individuels  donnant  cette  forte  occurrence. 

2  -  Attendre  d 'avoir  traitd  les  quatre  anndes  de  mesure  pour  determiner  le 

caractAre  plus  ou  moins  exceptionnel  de  tels  dvAnements  d'hiver,  et  dans 
la  mesure  du  possible  les  conditions  mdtdorologiques  leur  ayant  donnd 
naissance. 
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SUMMARY. 

The  Paper  discusses  an  MBC  propagation  path  simulator  which  has  been  developed  by  the 
author,  and  contrasts  the  specification  of  this  simulator  with  that  of  a  typical  HF 
simulator.  A  discussion  of  how  the  simulator  has  been  implemented  and  how  it  is  to  be 
employed  then  follows. 

Finally,  there  is  included  a  brief  discussion  of  a  few  concepts  which  are  to  be 
investigated  using  the  simulator.  The  final  aim  of  the  research  is  to  produce  an  MBC 
system  which  makes  more  efficient  use  of  the  available  capacity  than  previously  reported 
systems. 


1.  INTRODUCTION. 

The  University  of  Hull  is  currently  conducting  research  into  adaptive  channel  encoding 
and  signal  processing  applied  to  meteor-burst  communications  (MBC).  Basically,  this 
research  is  aimed  at  improving  the  performance  of  MBC  systems  by  continually  matching 
the  transmission  signal  to  the  capacity  of  the  inherently  intermittent  channel. 
Previously  reported  systems,  are  essentially  non-adaptive;  all  have  used  fixed 
modulation  formats,  transmission  rates  and  channel  encoding  schemes  (Davis  et  al,  1957; 
Bartholme'  and  Vogt,  1968;  Cannon  and  Reed,  1987). 

As  one  would  expect  the  research  programme  entails  testing  many  different  modulation 
formats,  encoding  schemes  and  complete  system  configurations.  Basically  such  testing 
involves  the  grading  of  configurations  according  to  their  response  to  specific  tests. 
For  numerous  tests  to  be  performed  and  direct  comparisons  made  it  is  necessary  to  have 
a  readily  available  MBC  test-bed  which  produces  totally  repeatable  paths. 
Consequentally,  it  was  decided  that  the  most  logical  manner  in  which  to  start  the 
research  was  to  construct  an  MBC  propagation  path  simulator.  Such  a  simulator  has  many 
advantages  over  a  real  path  during  the  development  of  a  system.  A  basic  summary  of  these 
advantages  is  given  below: 


(a)  Repeatability. 

As  already  stated  this  is  a  requirement  of  any  form  of  comparative  testing,  which  is 
required  during  the  assessment  of  system  configurations. 


(b)  Extreme  Path  Conditions. 

With  a  realistic  simulator  it  is  possible  to  set  up  any  conditions  which  can  be  found  on 
an  MBC  path.  Thus,  it  is  possible  with  such  a  simulator  to  perform  tests  under 
conditions  which  only  rarely  occur  over  a  'real'  channel.  Consequentally,  system 
configurations  can  be  easily  tested  at  their  limits. 


(c)  Flexibility. 

Due  to  the  nature  of  the  simulation  it  is  possible  to  simulate  any  specific  path  with 
relative  ease,  including  any  localised  noise  and  interference. 


(d)  Cost/Convenience . 

The  nature  of  the  research  programme  implies  that  many  different  signal  processing 
techniques,  encoding  schemes,  modulation  schemes  etc  need  to  be  tested  .  Obviously,  the 
use  of  a  simulator  for  initial  testing  will  save  a  considerable  amount  of  reourc.es  in 
both  time  and  finance. 


(e)  Replay  Possibility. 

It  is  possible  to  implement  the  simulator  such  that  it  has  a  "play  through"  mode.  In 


14-2 


this  mode  the  simulator  uses  on-air  recordings  of  'real'  MBC  paths, 
simulated  paths.  Thus  it  is  possible  to  reproduce  specific  conditions. 


instead  of 


2.  METEOR-BURST  COMMUNICATIONS. 

Meteorites  and  micro-meteorites  continuously  bombard  the  atmosphere,  and  as  they  do  so 
they  burn  up  in  the  atmosphere  (lower  ionosphere).  As  they  burn  up,  they  leave  a  trail 
of  ionisation  which,  because  of  the  speed  of  the  meteorite,  diffuses  to  form  a  cone  of 
ionisation  which  persists  for,  typically,  several  tenths  of  a  second.  Meteorites  which 
provide  usable  trails  usually  have  masses  in  the  range  of  10“^  to  10-1*  grammes. 
Meteorites  with  larger  masses  tend  to  be  too  infrequent  to  base  reliable  communications 
upon,  and  meteorites  with  smaller  masses  do  not  create  enough  ionisation  whilst  burning 
up.  There  are  normally  in  excess  of  1010  usable  meteorites  which  bombard  the  earths' 
atmosphere  every  day,  and  thus  between  any  two  points  within  approximately  2000  km  there 
are  enough  usable  meteorites  to  provide  a  reliable  (if  intermittent)  communication  path. 

The  characteristics  of  communications  via  the  ionised  trails  left  by  meteorites  are 
variable,  and  are  greatly  dependent  upon  both  the  electron  line  density  of  the 
ionisation  (which  is  itself  dependent  upon  the  mass  of  the  incident  meteorite),  and 
the  height  at  which  the  incident  meteorite  starts  to  burn  up. 

Electron  line  densities  of  1010  to  lO1^  electron/m  will  provide  useful  forward 
scattering  of  radio  waves.  Within  this  range,  meteor  trails  are  traditionally  classified 
as  either  underdense,  or  overdense,  The  dividing  boundary  is  set  at  approximately  2X101** 
electron/m. 


When  signals  are  propagated  via  underdense  trails  (electron  line  density  less  than 

2x1011{  electron/m)  the  received  signal  rises  very  quickly  and  then  decays  away 
exponentially.  Signals  which  are  propagated  via  overdense  trails  look  totally  different 
at  the  receiver,  with  a  larger  received  power  and  longer  duration.  Usually  overdense 
trails  have  durations  greater  than  0.5  second,  and  rarely  up  to  as  much  as  30  seconds; 
Figure  1  exemplifies  this  point. 

Although,  overdense  trails  appear  to  be  the  largest  constituent  of  system  throughputs, 
it  should  be  noted  that  the  more  attenuated  underdense  trails  are  far  more  numerous,  and 
can  account  for  in  excess  of  95?  of  the  total  number  of  usable  meteor  trails. 

Consequently,  the  vast  majority  of  previously  deployed  MBC  systems  have  been  designed  to 
make  full  use  of  these  trails.  Figure  2  shows  a  simulation  of  a  typical  MBC  path  over 
approximately  2  minutes. 

Other  physical  phenomena  can  cause  communication  links  to  be  established  in  the  low  VHF 
(very  high  frequency)  region  of  the  radio  spectrum.  The  most  common  of  which  is 
sporadic-E  layer  propagation.  This  can  'open'  links  for  up  to  30-40  minutes  and  allow 
very  high  quality  communications  to  be  established.  -70  dBm  of  received  power  is 
achievable  with  this  mechanism,  in  comparison  with  -120  dBm  of  received  power  when  the 
signal  is  scattered  via  meteor  trails. 

2.1  Noise  and  Interference. 

As  has  been  reported  in  other  technical  journals,  noise  in  MBC  systems  is  primarily 

galactic  and  man-made  (Ostergaard,  1986)  when  receivers  with  low  noise  front  ends  are 

utilised.  Man-made  noise  may  be  significantly  greater  than  galactic  noise,  and  can 
easily  obscure  low-power  MBC  returns.  Special  attention  is  needed  when  laboratory 
instruments  and  small  computers  are  operated  within  proximity  to  MBC  receivers. 
Measurement  and  analysis  of  the  actual  noise  and  interference  experienced  at  the 
University  of  Hull  site  is  currently  underway  and  results  should  be  available  prior  to 
the  meeting. 


2.2  Doppler  Effects. 

Reflection  from  the  head  of  a  meteor  gives  rise  to  doppler  frequency  shifts  which  can 
span  the  whole  of  the  audio  range.  Doppler  frequency  shift  from  a  meteor  trail,  which  is 
a  result  of  ionospheric  and  wind  motions,  can  be  of  the  order  of  20  Hz  at  an  operating 
frequency  of  4C  MHz.  Doppler  shift  can  also  be  a  result  of  a  specific  application,  eg  an 
MBC  system  being  used  as  an  air-to-ground  communication  system.  The  movement  of  the 
aircraft  could  possibly  introduce  Doppler  shifts  up  to  66  Hz  for  a  30  MHz  operating 
frequency . 


2.3  MBC  in  Brief. 

MBC  systems  are  inherently  intermittent,  and  must  be  able  to  operate  with  very  low 
received  signal  strengths.  They  are  relatively  phase-coherent,  but  can  exhibit  Doppler 
shift  up  to,  say,  100  Hz.  Obviously,  any  data  communicated  via  this  medium  needs  to  be 
concatenated  over  several  consecutive  meteor  bursts.  During  a  burst,  the  capacity  of  the 
channel  can  be  very  high,  but  this  does  not  tend  to  be  fully  utilised  because  of  the 
short  intervals  involved.  Most  systems  which  have  previously  been  deployed  use  a  fixed 
transmission  rate  and  a  fairly  low  detection  threshold.  This  allows  a  larger  percentage 
of  the  burst  to  be  used,  but  wastes  a  significant  proportion  of  the  available  capacity. 
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3.  AN  HBC  SIMULATOR. 


If  we  compare  the  requirements  of  an  MBC  simulator  to  those  of  an  HF  simulator  it  can  be 
seen  that  there  are  several  important  differences.  Obviously,  the  major  difference  is 
that  HF  has  a  less  variable  attenuation  over  a  fixed  path  than  an  MBC  system  over  a 
similar  path.  Another  very  important  difference  is  that  the  HBC  simulator  will  have  to 
cope  with  bandwidths  of  at  least  20  kHz,  whereas  HF  simulator  only  need  to  cover  a 
little  more  than  a  standard  3  kHz  HF  channel.  This  will  enable  MBC  systems  which  use 
large  percentages  of  the  available  capacity  no  be  tested  on  such  a  simulator.  The  other 
main  differences  between  the  requirements  of  an  HF  simulator  and  an  MBC  simulator  are 
summarised  below. 


3.1  MBC. 

(a)  Due  to  the  geometry  of  MBC,  significant  multipath  is  unlikely. 

(b)  The  path  propagation  delay  is  equal  to  the  sum  of  the  delay  between  the  transmitter 
and  the  meteor,  and  the  delay  between  the  meteor  and  the  receiver. 

(c)  Excluding  the  end  of  the  meteor  trail,  which  is  moved  around  by  the  wind,  fading  is 
not  of  great  significance. 

(d)  Ignoring  specific  situations  such  as  air-to-ground  communications,  Doppler  shift  is 
of  relatively  small  magnitude. 


3.2  HF. 

(a)  Multipath,  which  is  caused  by  HF  radio  waves  refracting  from  more  than  one  of  the 
ionospheric  layers,  is  very  important  to  HF  communications.  It  is  possible  typically  to 
have  between  2-10  components. 

(b)  Each  multipath  component  has  an  independent  delay  which  is  dependent  upon  the  path 
taken. 

(c)  With  HF  communications  fading,  which  is  caused  by  the  differing  phases  of  multipath 
components  combining  in  a  random  manner,  can  cause  serious  problems  and  is  consequently 
of  paramount  importance. 

(d)  Doppler  shift  can  be  significantly  higher  in  HF  systems  than  in  MBC  systems. 


On  examination  of  the  physical  processes  within  MBC  it  can  be  seen  that  for  a  realistic 
simulation  to  be  achieved  there  is  a  minimum  number  of  processes  which  must  be 
replicated.  A  summary  of  these  is  given  below  within  the  simulator  specification. 


3.3  MBC  Propagation  Path  Simulator 

Specification. 

Intermediate  frequency ( IF) 

100  kHz. 

Bandwidth 

20  kHz. 

Path  delay  range 

0  -  12.8  ms. 

Doppler  shift 

0  -  100  Hz. 

Path  attenuation 

70  -  130  dB. 

Noise  sources  (initially) 

Gaussian  white  and  impulsive 

Interference  (initially) 

Modem  type  interference. 

3.4  Simulator  Algorithms. 

All  simulator  components  are  shown  is  Figure  3,  together  with  the  order  in  which  they 
are  applied.  The  individual  algorithms  are  discussed  below. 


(a)  Propagation  Path  Delay. 

It  is  thought  that,  in  order  to  fully  test  the  functioning  of  the  controlling  algorithms 
and  protocols,  it  is  necessary  to  split  the  path  delay  into  two  distinct  halves.  This 
better  represents  the  physical  situation  than  would  a  single  delay,  which  is  how  HF  path 
delay  is  usually  simulated.  Figure  4  shows  the  geometry  of  a  meteor  scatter  path.  This 
case  depicts  the  'point  of  reflection'  as  the  centre  of  the  great  circle  path  between 
the  transmitter  and  the  receiver.  In  the  physical  situation  this  will  not  always  be  the 
case,  but  is  a  reasonable  initial  approximation. 


(b)  Path  Attenuation/Meteor-burst  profiles. 

The  simulator  must  be  able  to  generate  a  large  number  of  differing  path  attenuations 
which  realistically  simulate  an  MBC  path.  It  must  therefore  be  able  to  vary  the 
attenuation  on  the  path  by  approximately  60  dB  to  cope  with  both  rapidly  varying  normal 
underdense  profiles,  and  also  long  periods  of  considerably  less  attenuated  sporadic-E. 
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To  achieve  both  of  these  requirements  it  was  decided  to  generate  path  attenuations  by 
randomly  varying  profiles  taken  from  a  standard  library.  It  should  thus  be  possible  to 
obtain  a  very  wide  range  of  path  conditions  with  relative  ease.  The  simulator  should 
also  be  able  to  operate  in  "play-through"  mode,  where  a  recording  of  a  actual  path  is 
played  through  the  simulator  without  modification. 


(c)  Doppler  Shift. 

In  order  that  the  simulator  is  able  to  test  systems  which  are  primarily  designed  for 
ground-to-air  use,  it  is  necessary  for  some  form  of  Doppler  shift  to  be  included  within 
the  simulator.  A  reasonable  range  for  simulated  Doppler  shift  is  0  to  100  Hz. 


(d)  Noise  and  Interference. 

During  the  initial  stages  of  the  simulator  development  (ie.  before  the  MBC  noise  and 
interference  characterisation  work  is  complete),  it  was  decided  that  the  same  type  of 
noise/interference  that  is  normally  added  to  HF  simulators  would  suffice.  Consequently, 
Gaussian  white  noise,  impulsive  noise  and  modem-type  interference  were  considered  as 
reasonable. 


3.5  Simulator  Implementation. 

During  the  simulator  design  stage,  it  was  decided  that  it  should  be  flexible  enough  to 
simulate  both  a  typical  HF  path  and  also  a  typical  MBC  path  -  with  only  software 
changes.  Consequently  it  was  decided  that  the  simulator  should  be  software-based.  After 
an  examination  of  the  microprocessors  and  digital  signal  processors  (DSPs)  currently  on 
the  market,  it  was  decided  to  base  the  system  around  two  TMS320C25  DSPs  and  a  personal 
computer  (PC).  Each  of  the  DSPs  is  used  to  represent  one  direction  of  the  path. 


(a)  Sampling  Rate. 

When  considering  that  maximum  bandwidth  which  the  simulator  is  required  to  accept  is  20 
kHz,  it  is  reasonable  to  set  the  sampling  rate  at  80  ksamples/s.  This  also  suits  both 
the  Doppler  routine  quadrature  requirement  and  also  the  requirement  to  down-convert  the 
incoming  signal  from  its  100  kHz  IF.  By  sampling  the  incoming  signal  in  this  manner  it 
is  modified  from  100  kHz  +  10  kHz  to  20  kHz  +  10  kHz,  and  consecutive  samples  have  a 
phase  difference  of  -iy/2. 


(b)  Path  Delay. 

Each  of  the  two  path  delays  which  are  included  within  the  simulator  are  generated  using 
a  "RAM  based  delay  line"  similar  to  that  used  by  (Matley  and  Bywater,  1977);  this  method 
is  illustrated  in  Figure  5.  A  delay  is  introduced  by  reading  the  contents  of  the  delay 
RAM,  less  a  delay  factor  "a".  Obviously,  to  function  correctly  the  RAM  must  initially 
be  zero-filled;  the  address  pointers  must  increment  at  a  constant  rate,  and  they  must 
wrap  around  when  they  reach  the  end  of  the  RAM  space. 

Both  of  these  delay  RAMs  are  implemented  on  the  TMS  320C25  DSP  using  35  ns  external  RAM 
as  storage.  Use  of  the  DSP's  auxilary  registers  provides  an  efficient  method  of 
monitoring  the  state  of  these  two  RAMs. 


(c)  Doppler  Shift. 

As  already  mentioned  consecutive  samples  have  a  phase  difference  of  7y/2,  and  thus  it  is 
relatively  str  aightforward  to  introduce  a  frequency  shift  to  the  input  signal.  By 
generating  sin  d  and  cos  d,  where  d  is  described  by  equation  1,  from  a  look-up  table  and 
multiplying  these  by  consecutive  samples  it  is  possible  to  generate  the  required  signal 
(equation  2). 

d  =  wdoppler* 

cos  wt.sin  d  +  sin  wt.cos  d  =  sin(wt  +  d)  [2] 

Doppler  shift  can  thus  be  included  by  steadily  incrementing  d,  at  a  rate  determined  by 
the  selected  doppler  frequency.  Figure  6  illustrates  this  algorithm. 

If  it  were  not  considered  insignificant  to  the  operation  of  the  simulator,  phase 
variations  could  also  be  added  using  a  similar  method,  with  pseudo-random  variations  of 
d. 

This  algorithm  can  also  be  efficiently  implemented  on  a  DSP  using  on-chip  RAM  to  store  a 
sin/cos  look-up  table,  and  using  the  multiply/accumulate  instruction  to  provide  the 
appropriate  arithmetic. 
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(d)  Path  Attenuation. 

The  hard  disk  of  a  PC  is  used  to  store  a  library  of  profiles.  When  initialising  the 
simulator  a  number  of  profiles  are  copied  into  the  memory  of  the  PC.  Each  time  a  profile 
is  required  one  is  taken  from  memory  and  randomly  modified  in  both  magnitude  and 
duration.  This  profile  is  then  passed  sample-by-sample,  to  the  DSP.  The  DSP  then  applies 
the  path  attenuation  to  the  signal  along  with  other  propagation  path  characteristics.  A 
basic  block  diagram  of  the  simulator  implementation  is  shown  in  Figure  7. 


(e)  Noise  and  Interference. 

The  two  types  of  noise  which  are  to  be  initially  included  within  the  simulator  can  both 
be  generated  by  digitally  filtering  the  same  maximal-length  pseudorandom  binary 
sequence.  Gaussian  white  noise  may  be  generated  by  digitally  filtering  a  maximal-length 
pseudorandom  binary  sequence  and  operating  on  the  resultant  sequence  to  produce  an 
approximately  gaussian  distribution.  Impulsive  noise  may  be  generated  as  constant  narrow 
width  pulses.  The  time  of  arrival  of  the  pulses  can  also  be  determined  by  digitally 
filtering  a  maximal-length  pseudo-random  binary  sequence. 

Modem-type  interference  may  be  generated  by  randomly  summing  together  the  outputs  of  16, 
or  so,  tone  generators  of  varying  amplitude.  A  similar  method  was  used  by  (Dawson, 
1984). 


4.  MBC  PROTOCOLS  AND  CHANNEL  ENCODING. 

MBC  systems  experience  a  very  wide  range  of  path  conditions,  and  not  just  the 
traditional  idealised  underdense  and  overdense  bursts.  It  is  thus  imperative  that 
systems  should  not  be  designed  with  a  particular  type  of  burst  in  mind,  but  rather  to 
take  full  advantage  of  any  openings  in  the  communication  channel.  Some  previously 
deployed  systems  were  not  designed  with  this  philosophy  in  mind,  and  the  result  was 
relatively  inefficient  operation. 

Currently  the  MBC  research  programme  at  the  University  of  Hull  is  planning  to  take 
account  of  the  variable  nature  of  the  path  by  designing  an  adaptive  transmission  and 
control  system.  This  system  will  be  required  to  modify  its  modulation  format,  channel 
encoding  scheme,  and  signal  processing  techniques  in  response  to  path  conditions.  The 
implementation  of  such  an  adaptive  system  is  in  no  way  straightforward,  and  much  work  is 
required  in  this  field  before  an  ideal  solution  will  be  found.  Some  of  the  concepts 
which  are  currently  being  examined  by  the  research  group  are  briefly  discussed  within 
this  section  (Darnell,  1987). 


4.1  Real-Time  Channel  Evaluation  (RTCE). 

Obviously,  RTCE  is  an  essential  element  of  any  adaptive  communication  system.  The  more 
information  that  is  possessed  regarding  a  particular  communication  path,  the  more 
efficient  can  the  encoding/decoding  processes  be  made.  For  MBC  systems  two  forms  of  RTCE 
would  be  advantageous,  ie  "pre-call"  RTCE  and  "in-call"  RTCE. 

(i)  Pre-call  RTCE  implies  that  before  transmissions  start,  the  system  controller  should 
have  some  information  regarding  the  current  nature  of  the  path  in  terms  of  propagation 
and  noise. 

(ii)  On-line  RTCE  requires  the  derivation  of  data  from  the  transmissions  themselves. 

Due  to  the  variable  nature  of  MBC  paths,  (ii)  has  a  major  role  to  play  in  efficient  MBC 
systems.  Figure  8  shows  one  arrangement  for  enabling  RTCE  data  to  be  made  more  precise. 
Basically,  the  traffic  channel  is  delayed  so  that  RTCE  can  be  applied  prior  to  signal 
processing.  Derived  information  could  thus  be  used  to  modify  the  signal  processing 
algorithms.  The  complexity  of  the  applied  RTCE  is  obviously  restricted  by  the  amount  of 
delay  applied  to  the  traffic  channel.  Relatively  short  periods  of  delay  can  be 
considered  as  insignificant  to  MBC  systems,  and  still  provide  a  reasonable  amount  of 
time  for  RTCE  to  be  applied. 


4.2  Embedded  error  control. 

Much  work  has  already  been  carried  out  by  the  communications  research  group  on  a  concept 
known  as  "embedded  error  control"  (Darnell,  Honary  and  Zolghadr  1988).  Basically,  the 
same  data  is  transmitted  at  a  number  of  different  rates.  At  the  receiver  the  signal  is 
decoded  at  the  greatest  rate  possible  for  the  current  state  of  the  channel.  This 
technique  is  known  to  operate  under  very  poor  channel  conditions.  Figure  9  illustrates 
the  principle  of  this  technique,  and  Figure  10  gives  an  indication  of  the  potential 
performance  of  such  a  technique. 


4.3  Embedded  modulation. 

The  concept  of  "embedded  modulation"  is  similar  to  that  of  embedded  error  control  in 
that  the  transmitted  signal  comprises  robust  elements  and  less  robust  elements. 
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Clearly,  under  poor  path  conditions  only  the  robust  elements  will  be  demodulated,  but 
when  the  path  exhibits  higher  SNR's  the  less  robust  elements  will  be  demodulated.  Again, 
the  technique  offers  the  possibility  of  varying  the  information  rate  during  a  burst. 
Figure  11  illustrate  two  possibilities  for  implementing  this  technique,  and  Figure  12 
illustrates  the  demodulation  of  one  such  technique. 


5.  CONCLUDING  REMARKS. 

The  simulator  has  not  as  yet  been  fully  compared  against  real  paths,  although  the  path 
profiles  used  are  derived  from  real  paths.  It  is  planned  to  establish  several  actual 
paths  from  Hull  for  this  reason.  Updating  the  library  of  profiles  is  planned  to  be  an 
ongoing  project  in  order  to  make  the  simulator  as  realistic  as  possible. 

It  is  hoped  that  real  MBC  noise  and  interference  measurements  will  be  available  in  the 
near  future.  The  simulator  will  then  be  updated  to  be  more  representative  of  a  true  MBC 
path,  both  in  terms  of  propagation  and  noise/interference. 

When  the  simulator  is  completely  validated  it  is  planned  for  it  to  be  used  in  'bench 
testing'  control  and  channel  encoding  algorithms  which  the  group  are  currently 
investigating  in  the  context  of  MBC  systems.  One  of  its  first  functions  will  be  the 
testing  of  an  MFSK  modem  which  is  currently  in  the  design  stage.  Once  this  has  been 
achieved,  it  is  planned  that  the  overall  'test  facility'  be  used  to  compare  several 
coding  techniques  which  have  been  developed  by  the  joint  Hull  University/Warwick 
University  Communications  Research  Group. 

It  is  hoped  that  this  programme  of  research  will  result  in  the  deployment  of  an  MBC 
system  which  will  be  far  more  efficient  in  terms  of  its  use  of  the  available  c,  ^nnel 
capacity  than  are  existing  designs. 
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Figure  1:  MBC  Path  Profile. 
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Figure  3:  The  Total  MBC  Simulator 
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Figure  7:  The  Actual  MBC  Simulator. 
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Figure  8:  Use  of  Buffer  Delay  and  RTCE  to  Assist  Received  Signal  Processing. 
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(a)  Principle  of  embedded  encoding. 
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(b)  (52,12)  embedded  array  code  block  structure. 
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(c)  (64,23)  modified  array  code  block  structue. 


Fleur?  9:  Embedded  Error  Control. 
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Figure  12:  Embedded  Modulation. 
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DISCUSSION 


A.  COIMBRA  SANIOS 

The  system  as  presented  is  a  simulator.  Could  you  amplify  on  its  applicability 
to  develop  or  improve  existing  HBC  systems,  and  could  you  provide  details 
on  equipment  complexity  i.e.  modulation,  antennae  orientation,  processing 
power,  as  well  as  practical  system  siting. 

AUTHOR'S  REPLY 

1  -  Using  the  simulator  it  should  be  possible  to  rigorously  test  very  many 

protocols,  encoding  schemes  etc;  and  by  incorporating  these  into  existing 
systems  it  should  be  possible  to  improve  their  performance. 

2  -  At  present  the  envisaged  MBC  system  will  operate  with  MFSK  type  modulation 

and  a  low  level  of  either  amplitude  modulation  or  phase  modulation. 

3  -  Antennae  orientation  is  path  dependent,  but  generally  both  antennae 

should  be  directed  towards  the  centre  of  the  great  circle  path  between 
the  transmitter  and  the  receiver. 

A  -  At  present  it  is  planned  to  provide  both  a  personal  computer  (IBM  PC  Clone), 
and  a  TEXAS  TMS320C25  digital  signal  processor  for  processing  at  either 
end  of  the  link. 

5  -  Initially  it  is  planned  to  site  terminals  at  Cobbet  Hill  and  the  University 
of  Hull,  both  in  the  UK. 

K.S.  KHO 

MBC  is  a  good  alternative  for  long  distance  communications.  But  the  interference 
of  this  transmitter  to  the  others  systems  in  the  surrounding  is  very  terrible. 

Thus  should  be  a  shortcoming  of  the  system. 

Security  :  I  think  typical  shortcoming  of  long  distance  systems  is 
anti  jam  capability.  It  could  be  jammed  by  a  remote  jammer. 

AUTHOR'S  REPLY 

1  -  The  transmission  power  of  MBC  systems  is  not  as  high  as  your  comment 

implies,  and  thus  I  would  question  whether  such  systems  cause 
interference  to  surrounding  users.  Previously  reported  systems,  such  as 
those  referenced  in  the  text,  use  transmission  powers  of  several  hundreds 
of  Watts. 

2  -  For  meteor  burst  communication  systems,  a  potential  jammer  would  need 

to  be  within  a  definite  footprint  (approximately  200  km)  around  either 
the  transmitter,  or  the  receiver.  This  becomes  apparent  if  one  considers 
the  geometry  of  the  mechanism. 


C.  GOUTELARD 

Votre  simulateur  parait  tr£s  bien,  mais  pouvez-vous  nous  dire  quels  paramfetres 
allez-vous  rentrer  ?  Forme  des  rdponses  des  trainees,  effet  doppler  sur  la 
tSte  et  la  trainee,  bruit... 

Par  ailleurs,  je  ne  m'explique  pas  la  forme  dissymdtrique  de  la  fonction  de 
distribution  du  bruit.  Faut-il  croire  que  son  moment  d'ordre  1  est  different 
de  z6ro  ? 


14-15 


DISCUSSION 


AUTHOR'S  REPLY 

1  -  The  simulator  parameters  will  take  two  forms.  They  will  include  parameters 

which  are  currently  being  assessed  at  the  University  of  Hull  by  recording 
and  analysing  on-air  noise,  profiles  etc...  Secondly,  traditional 
parameters  which  have  been  published  previously  in  several  journals 
will  be  included. 

2  -  The  non-symmetrical  distribution  function  of  the  noise  did  have  a  zero 


mean. 
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MAN-MADE  NOISE  IN  A  MILITARY  ENVIRONMENT 


by 

Ir.  K.S.Kho  and  Mr  P.A.  van  der  Vis 
Physics  and  Electronics  Laboratory  TNO 
The  Netherlands 


1.  INTRODUCTION 

Over  the  last  few  years  our  laboratory  has  been  involved  in  studies  concerning  the  design  of  future  radio  systems  and  of 
Electronic  Support  Measures  (ESM).  Within  the  ESM-scope  special  attention  is  payed  to  Direction  Finding  (DF),  as  it  offers 
a  powerful  means  of  locating  enemy  transmitters.  Because  environmental  noise  may  seriously  confine  the  range  of  reliable 
operation  of  both  systems,  the  availability  of  relevant  data  is  of  crucial  importance. 

This  paper  pays  attention  to  noise  in  the  lower  end  of  the  VHF  band,  ie  between  30  and  90  MHz.  While  statistics  on 
atmospheric  and  galactic  noise  may  be  found  in  CCIR  Report  322  and  CC1R  Report  258-3  provides  information  about 
man-made  noise  for  areas  described  as  urban,  suburban,  industrial  etc.,  the  ‘military  environment’  is  (understandably)  not 
mentioned.  As  it  goes  without  saying  that  military  equipment  must  above  all  work  well  in  wartime,  there  is  an  obvious  need  to 
gather  information  on  what  is  to  be  expected  if  it  comes  to  the  worst.  Because  we  cannot  think  of  a  better  way  of  filling  this 
information  gap  than  by  carrying  out  measurements  during  military  manoeuvres,  it  was  decided  to  make  a  start  by  making 
use  of  “Certain  Strike”,  a  large-scale  NATO  exercise  in  Europe  in  September  1987.  The  idea  was  supported  by  the  Royal 
Netherlands  Army  (RNLA).  The  4th  division  of  the  1st  NL  corps  hosted  our  team  in  Germany. 

2.  METHODS  OF  MEASURING  NOISE 
Man-made  noise  may  be  interpreted  as: 

"Interference  produced  by  equipment  or  machines  that  unintentionally  radiate  electromagnetic  waves”. 

There  are  many  ways  to  measure  the  effects  of  noise  and  even  more  ways  to  present  the  results.  In  order  to  achieve  what 
is  useful  for  our  aim,  the  following  two  methods  were  considered: 

1 .  Record  the  noise  envelope. 

2.  Measure  how  much  extra  signal  power  it  takes  to  overcome  the  detrimental  effects  of  the  noise  on  a  datalink. 

Discussion  of  method  1 

Although  seriously  considered,  this  method  had  to  be  abandoned  because  the  time  the  realisation  would  take  was  not 
available  before  'Certain  Strike'.  It  is  nevertheless  briefly  discussed  here  because  we  do  not  preclude  using  it  in  the  future 

A  diagram  of  what  we  had  initially  in  mind  is  given  in  Figure  1 . 
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Fig.  1  Recording  the  noise  envelope 


The  logarithmic  IF  amplifier  was  inserted  in  order  to  obtain  a  sufficiently  large  dynamic  range.  The  Gaussian  response 
was  meant  to  limit  the  amount  of  “ringing”.  Ringing  in  this  case  means  that  pulses  arise  in  the  IF  filter  that  are  responses  to 
preceding  stronger  pulses.  They  arc  difficult  to  distinguish  from  others  and  will  be  erroneously  recorded  as  received  pulses 
An  advantage  of  this  method  is  that  the  noise  envelope  history  remains  available  to  any  form  of  analysis  at  any  lime  Because 
man-made  noise  is  impulsive  by  nature  and  may  contain  very  short  pulses,  a  ‘true’  recording  of  the  history  will  not  be 


15-2 


possible  because  of  the  restricted  receiver  bandwidth.  One  reason  for  this  restriction  is  that  the  bandwidth  may  not  enclose 
‘intelligent’  signals  during  the  measurements.  Another  is  that  a  larger  bandsvidth  means  more  system  noise  and  this  limits  the 
dynamic  range  at  the  lower  end.  The  method  is  used  by  Parsons  &  Sheikh  [1J.  Figure  2  illustrates  how  they  presented  the 
results  of  some  of  their  measurements.  This  presentation  offers  in  statistical  terms  a  very  detailed  picture  of  the  received 
noise  envelope.  The  method  has  the  advantage  tl.  at  the  results  are  applicable  to  various  communication  links.  The 
application  to  a  given  link  will  however  not  always  be  easy. 


Noise  measurements  in  suburban  locations 


(a)  APD  (b)  ACR 

—  Typical  measurement  in  Bristol  Road  South 

—  Typical  measurement  in  Lordswood  Road 

- Average  curve  representative  of  suburban  locations. 


(c)  PDD  (d)  P1D 

Representative  measurements  in  suburban  locations. 
Threshold  levels  relative  to  k  TgU 

- IldB.  -o-o  20 dB.  ---  30 dB 

x-x-  40  dB.  -A-A  50  dB. - 55  dB. 


Fig.2  Results  of  measurements  performed  by  Parsons  and  Sheikh  [  1  ] 

Discussion  of  method  2.  “Determine  how  much  extra  signal  power  is  needed  to  compensate  for  the  effects  of  the  external 
noise” 

This  method  has  the  drawback  that  it  offers  only  in  an  indirect  and  coarse  way  information  on  the  noise  characteristics. 
On  the  other  hand,  the  problem  of  applying  the  results  to  a  given  system  —  as  arises  with  method  1  —  is  omitted,  as  the 
system  used  for  the  measurements  can  be  made  similar  to  that  'given  system'.  A  diagram  showing  the  principle  of  method  2  is 
depicted  in  Figure  3. 
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Fig.3  Setting  the  BER  to  a  constant  value  by  adapting  the  signal  power 
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The  principle!)  followed  here  are  simple  an  J  analogous  to  finding  the  noise  figure  of  a  receiver.  By  adapting  the  signal 
power,  the  BER  is  set  to  a  constant  value.  Indirectly  (assuming  linearity)  it  is  the  signal  to  noise  ratio  that  remains  constant. 
This  means  that  the  applied  signal  power  now  is  a  measure  for  the  (total)  noise  power. 


Fig.4  Measuring  external  noise  indirectly. 

The  BER  is  held  constant  by  adapting  the  signal  power  kS0. 


The  receiver  noise  is  represented  by  the  source  Nrcc.  The  other  symbols  are  described  by: 

Nanl:  external  noise  power,  picked  up  by  the  antenna. 

S0:  signal  power  needed  for  a  given  BER  if  Nanl  =  0. 

k*S0:  signal  power  needed  for  a  given  BER  if  Nant  >  0. 

Because  the  signal  to  noise  ratio  is  constant,  it  follows  that: 

(k*S0)/NTO  +  Nant)  -  S„/NICC  or  Nan,  =  (k-  l)Nrec 

3.  TNO  MEASUREMENT  SET-UP 

Figure  5  shows  a  more  detailed  block  diagram  of  the  measurement  set-up.  Important  components  were. 

—  A  FM-3600  Combat  Net  Radio  receiver  of  the  RNLA. 

—  A  centre-fed  whip  RF-3620,  also  of  the  RNLA. 

—  Interfacing  hardware,  designed  for  this  mission. 


Fig.5  TNO  measurement  set-up 
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The  bitrate  was  chosen  to  be  16000  b/s.  Every  ‘trial’  lasted  1  second.  A  Hewlett-Packard  processor  controlled  the 
hardware,  monitored  the  BER  and  changed  the  signal  power  kS0  when  necessary.  After  each  successful  tnal  (ie  BER  .01 
±  1 0%)  the  value  of  kS0  was  stored . 

In  addition  to  the  described  measures,  circuits  were  added  to  enable  collection  of  data  regarding  the  distribution  of 
errors  within  the  ‘successful’  trials  (ie  BER  approx.  .01).  This  was  done  by  sending  the  16000  bits  of  each  successful  trial  to 
circuits  determining  the  lengths  of ‘bursts’,  ‘intervals’  and  ‘error-free  intervals’. 

Following  |2J  the  mentioned  quantities  are  defined  as  follows: 

—  Burst:  A  burst  is  a  group  of  bits  which  begins  with  a  bit  in  error  and  ends  with  a  bit  in  error.  A  minimum 

number  of  errors  Me  are  contained  in  this  region;  the  minimum  density  of  errors  in  the  region  is  D. 

—  Interval:  In  an  interval  the  minimum  density  of  errors  is  less  than  D.  The  region  begins  and  ends  with  a  correct 

bit.  An  interval  may  contain  errors. 

—  Error-free 

interval:  This  expression  is  self-evident. 

The  next  figure  illustrates  the  definitions. 

In  our  measurements  we  have  defined:  Me  =  2  and  D  =  1 5.  Before  possible  measurements  in  ihe  future,  these  values 
and  also  that  of  the  critical  BER,  have  to  be  carefully  reconsidered  and  adapted  to  the  protection  coding  scheme  one  intends 
to  use. 


1 

errors 

1  1 

{—  bur?* _ j 

error-free 

error-free 

burst 

. _ _ _ in 

terval _ v 

- ,, 

jnax.  error  . 

'distance  1 

[by  definition) 

Fig.6  Illustration  of  error  distribution  definitions. 

The  results  were  stored  on  tape,  together  with  the  corresponding  kS„  values. 

4.  RESULTS 
4.1  Noise  Level 

The  measurements  were  carried  out  on  the  Luneburgerheide.  On  September  1 5  between  00.00  and  1 0.00  hours  local 
time,  the  equipment  was  placed  in  the  centre  of  a  great  number  of  military  vehicles  of  a  RNLA  brigade  located  in  Unterliiss. 
Most  of  them  contained  electronic  equipment  in  operation.  Data  of  1800  trials  were  recorded  in  this  period.  Between  18.00 
hours  on  September  1 5  and  09.00  hours  September  1 6,  our  van  was  located  in  the  middle  of  a  command  centre  of  a  RNLA 
division  that  comprised  an  even  greater  number  of  vehicles.  Most  of  these  also  contained  electronic  equipment  in  operation. 
The  location  was  near  Schnevcrdingen.  Here  the  results  of  3300  samples  were  stored  on  tape.  Tables  1  and  2  show  mean 
values  and  standard  deviations  for  a  number  of  sessions.  Each  session  involves  300  Successful’  trials.  The  noise  levels  found 
arc  so  low  that  it  is  doubtful  if  the  expression  ‘man-made’  is  applicable.  For  this  reason  the  upper  limits  of  galactic  noise 
(CCIR)  are  also  shown  in  the  tables. 
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TABLE  1  Results  in  Unterloss,  being  with  the  brigade 


FILE 

DATE 

TIME 

FREQ 

CCIR 

RESULTS 

max.  gal. 

mean 

st.  dev. 

NR 

1987 

LOCAL 

MHz 

dBkTo 

dBkTo 

dB 

0 

15.09 

0045  tot  0326 

45.00 

13.4 

6.1 

1.3 

1 

15.09 

0439  tot  0547 

45.00 

13.4 

5.7 

1.0 

2 

15.09 

0550  tot  0651 

45.00 

13.4 

5.5 

1.3 

3 

15.09 

0653  tot  0755 

45.00 

13.4 

5.6 

1.0 

4 

15.09 

0815- tot  0916 

45.00 

13.4 

6.0 

1.3 

5 

15.09 

0918  tot  1000 

45.00 

13.4 

6.3 

1.6 

TABLE  2  Results  in  Schncverdingen,  being  with  the  Division  Control  Centre 


FILE 

DATE 

TIME 

FREQ 

CCIR 

RESULTS 

max.  gal. 

mean 

st.  dev. 

NR 

1987 

LOCAL 

MHz 

dBkTo 

dBkTo 

dB 

6 

15.09 

1823  tot  1921 

45.00 

13.4 

10.2 

0.8 

7 

15.09 

1923  tot  2210 

45.00 

13.4 

10.4 

1.1 

8 

15.09 

2225  tot  2324 

45.00 

13.4 

10.8 

1.3 

9 

15.09 

2328  tot  0021 

35.00 

16.1 

7.3 

1.6 

10 

16.09 

0023  tot  0116 

35.00 

16.1 

7.2 

1.2 

11 

’6.09 

0123  tot  0221 

40.00 

14.7 

10.0 

1.0 

12 

16.09 

0224  tot  0328 

46.00 

13.2 

9.5 

0.8 

13 

16.09 

0330  tot  0432 

45.00 

13.4 

10.5 

2.3 

14 

16.09 

0600  tot  0629 

30.00 

17.7 

17.0 

0.9 

15 

16.09 

0630  tot  0731 

38.00 

15.2 

7.2 

2.7 

16 

16.09 

0734  tot  0845 

38.00 

15.2 

6.7 

1.8 

Tbe  unexpected  results  have  led  to  a  thorough  re-examination  of  equipment  after  completion  of  our  mission.  As  no 
indication  of  failing  equipment  was  found,  it  must  be  concluded  that  even  large  concentrations  of  RNLR  military  vehicles 
cause  very  little  man-made  noise.  For  the  moment  there  is  no  other  explanation  than  assuming  that  measures  like  electric 
filtering  and  screening  of  equipment  (tempest  measures)  and  EMP  screening  of  vehicles  are  not  ineffective. 

4.2  Distribution  of  bit  errors 

Figure  6  shows  an  example  of  the  distribution  of  bursts  etc.  as  observed  between  19.23  and  22.10,  September  1 5  in 
Sehneverdingen.  In  addition  to  the  quantities  defined  in  3.1  it  shows  also  the  distribution  of ‘guard  space’,  by  which  is  meant 
the  ratio  of  the  lengths  of  an  error-free  interval  and  of  the  succeeding  burst. 

It  was  found  to  be  meaningless  to  show  all  plots.  They  are  strikingly  alike  and  also  similar  to  what  is  found  when  Gaussian 
noise  is  applied.  The  most  likely  explanation  is  that  most  accepted'  noise  samples  were  of  galactic  origin.  The  circumstances 
that  the  measurement  system  was  too  slow  to  handle  fast  changes  of  noise  level  may  also  have  contributed  somewhat  to  these 
results,  because  this  means  that  short  bursts  are  overlooked.  The  operators  reported  that  short  bursts  (perceptible  on  the 
display)  occurred  sometimes  in  Unterltiss  and  very  scarcely  in  the  woods  near  Schncverdingen. 

A  possibility  to  overcome  the  disadvantage  of  total  negleetion  of  short  bursts  may  be  overcome  by  dropping  the  fixed 
BER  concept.  By  changing  the  signal  power  stepwise  within  the  power  range  of  interest  and  recording  bit  errors  independent 
of  the  BER  level,  error  distributions  including  the  effects  of  short  bursts  will  be  obtained. 
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5.  CONCLUSIONS 

The  results  seem  to  indicate  that: 

1 .  The  amount  of  VHF  man  made  noise,  produced  by  concentrations  of  military  vehicles  of  the  RNLA  is  negligible. 

2.  The  measured  average  noise  level  was  5  dB  below  the  reported  CC1R  upper  limit  of  galactic  noise.  The  noise  is 
Gaussian  by  character. 

3.  The  effects  of  short  bursts  are  not  included  in  the  results.  These  bursts  were  observed  occasionally  when  being  with 
the  brigade  and  rarely  within  the  division  command  centre. 

6.  RECOMMENDATIONS 

After  having  gained  this  experience,  it  can  be  recommended  to: 

1 .  Collect  more  data  on  this  subject. 

2.  Standardize  measurement  methods  in  order  to  improve  the  tendency  to  co-operate  and  to  facilitate  comparison  of 
results. 
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DISCUSSION 


C.  GOUTELARD 

L'dtude  que  vous  prdsentez  est  intdressante  notamment  dans  la  distribution 
des  erreurs. 

-  Nous  avons  fait  dans  AGARD  des  publications  similaires. 

-  Cependant  vos  mesures  ne  sont  pas  directement  exploitables  car  les  taux 

d' erreurs  dependent  du  modem.  II  serait  souhaitable  de  les  traduire  en  niveau 
de  bruit  pour  qu'elles  le  soient. 

AUTHOR'S  REPLY 

Thank  you  for  your  comment. 

1  -  Could  you  inform  me  which  AGARD  publication  is  it  ? 

2  -  Yes,  as  I  have  stated  in  the  presentation  ;  the  results  are  dedicated 

to  the  radio  system  (modulation  schenv  used  in  the  measurements.  That's 
why  I  suggest  to  standardize  measurement  set-up  for  comparison  of 
measurement  results  purposes.  The  enveloppe  recording  method  could  be  a 
universal  method  and  acceptable  for  others. 

R.J.  BULTITUDE 

I  commented  on  requirement  to  know  error-rate-noise  relationship  in  burst 
conditions.  Also,  I  suggest  that  in  field  measurements  in  a  changing 
environment,  sufficient  time  will  not  be  available  to  determine  error  rates 
accurately  enough  to  determine  noise  power  acculately. 

AUTHOR'S  REPLY 

-  You  are  right,  the  known  C/N  and  BER  relationship  is  based  on  Gaussian 
noise . 

As  we  know  beside  the  Gaussian  noise,  there  is  also  impulsive  noise. 

The  relationship  between  C/N  ratio  and  BER  in  an  impulsive  noise  environ¬ 
ment  should  be  deduced  from  measurements/calibrations  on  the  testbench. 

-  We  have  chosen  a  BER  value  which  is  marginal.  This  means  that  the  BER 

value  is  sensitive  to  a  change  iri  the  C/N  ratio.  So,  the  BER  adjusted 

should  not  be  a  certain  value  but  it  should  a  range  of  BER  like  between 
-3  -2 

5.10  to  5.10  BER.  In  this  region  for  instance  the  C/N  ratio  variation 
will  be  within  ldB  or  less  depending  on  the  modulation  scheme  applied. 

A.  COIMBRA  SANTOS 

-  How  many  sets  of  transmitters/ receiver s  were  under  trial. 

-  Did  you  register  the  BER  under  noise  conditions  before  adapting  (raising) 
the  transmitted  power  to  obtain  the  preset  BER,  since  raising  the  power  is 
indeed  a  way  to  overcome  difficulties  while  communicating. 

AUTHOR'S  REPLY 

-  There  was  one  set  of  transmitter/receiver  used  for  the  noi  e  measurements. 

-  No,  the  BER  before  increasing  the  signal  level  was  not  recorded.  The  intention 
was  to  measure  during  radio  silence,  oo  that  no  interference  signal  will 

be  recorded.  It  seemed  that  during  our  measurements  there  were  only  prepara¬ 
tions  and  movements  and  very  little  communication  activities.  So  we  were 
lucky. 
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SUMMARY  OF  SESSION  II 

NEW  APPROACHES  IN  COMMUNICATIONS  SYSTEM  DESIGN 

by 

D.  ROTHER,  Session  Chairman 


The  program  of  this  session  shows  some  essential  ten¬ 
dencies  in  the  design  and  development  of  military  radio 
communication  systems.  According  to  the  military  threat, 
especially  jam-resistant  transmission  methods  are  used. 


In  the  long-range  HF-communication,  automatic  channel 
selection  with  adaptive  processing  and  slow  Frequency 
Hopping  are  the  main  new  features. 


In  the  VHF  range,  tactical  radio  normally  use  medium  rate 
Hopping  up  to  some  hundred  Hop/sec  and  coding/decoding 
principles  to  reduce  Bit  error  rate  in  case  of  data  trans¬ 
mission.  A  first  new  approach  of  Direct  Sequence  Modulation 
for  tactical  radio  has  been  presented  by  "Thorvaldsen,  NO". 

In  higher  frequency  ranges,  the  UHF  and  L-band  around 
1  Hz,  more  and  more  hybrid  methods  are  used  working  with 
Direct  Sequency  Modulation  and  Frequency  Hopping. 

Besides  these  system  characteristics  a  number  of  presen¬ 
tations  were  concerned  with: 


-  coding/decoding  methods 

-  synchronization  methods 

-  frequency  economic  use  of  frequency  bands 

-  correlation  methods. 


As  a  summary  the  session  demonstrated  very  well  the  main 
tendencies  in  the  design  and  development  of  advanced  radio 
communication  systems. 
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A  NARROWBAND  TACTICAL  COMMUNICATION  SYSTEM 

for  the 

VHF  and  UHF  MOBILE  RADIO  BANDS 
A  National  Defence  Sponsored  Research  Program 

L.  Boucher,  Y.  Jolly,  J.H.  Lodge 

Communications  Research  Center,  Department  of  Communications 
P.O.  Box  11490,  Station  ‘H’,  Ottawa,  Ontario,  Canada,  K2H  8S2 


SUMMARY 

A  description  of  the  research  effort,  performed  in  accordance  with  a  National  Defence  (DND)  sponsored 
Research  Program,  is  presented.  Goals  fixed  for  the  program  aim  at  achieving  good  quality,  encryptable 
voice  communications  in  the  VHF  and  UHF  mobile  bands  within  a  channel  spacing  of  about  3  kHz.  A 
review  of  the  desirable  performance  objectives  of  a  land-mobile  tactical  voice  communications  system  is 
presented,  and  the  design  strategy  suggested  to  achieve  this  performance  is  described.  Implementation 
includes  the  use  of  techniques  such  as  frequency  domain  digital  signal  processing  cf  single  sideband  speech, 
speech  bandwidth  reduction,  and  linear  modulation.  A  study,  and  in  some  cases  experimental  evaluation, 
on  promising  bandwidth  reduction  techniques  was  done,  and  a  method,  called  the  dynamic  frequency  band 
extraction  technique,  was  developed  for  this  application.  With  this  technique,  a  good  voice  quality  is  obtained 
by  dynamically  saving  only  about  1200  Hz  of  the  original  3000  Hz  voice  spectrum.  Taking  into  account  the 
extra  bandwidth  required  by  the  data,  the  frequency  domain  filtering,  and  the  pulse  shaping  of  the  discrete¬ 
time  samples,  and  using  a  highly  linear  power  amplifier,  the  RF  channel  spacing  of  the  modulated  signal  is 
expected  to  be  approximately  of  2.5  kHz. 

1.0  INTRODUCTION 

It  is  well  known  that  the  existing  spectrum  allocation  in  the  mobile  radio  bands  has  become  saturated 
There  is  a  need  for  more  allocation,  but  no  more  spectrum  is  available.  The  systems  presently  used  utilized 
Frequency  Modulation  (FM)  and  need  a  RF  channel  spacing  in  the  order  of  15  to  30  kHz  per  station. 
A  smallei  channel  spacing,  made  possible  by  more  spectrally  efficient  signalling  techniques,  is  one  of  the 
solutions  that  will  help  solve  the  spectral  congestion  problem.  Efficiently  reducing  the  amount  of  spectrum 
required  for  voice  communications  is  this  program’s  primary  goal.  Furthermore,  the  challenge  of  achieving 
such  a  narrow  bandwidth  is  enhanced  by  the  limiting  factors  imposed  when  the  tactical  requirements  are 
taken  into  account.  The  design  strategy  can  only  be  started  after  these  requirements  have  been  defined. 

A  reduction  of  the  bandwidth  allocated  to  the  voice  signal  can  help  to  reduce  the  RF  channel  spacing,  and 
the  chosen  technique  has  a  considerable  impact  on  the  overall  design  strategy.  The  research  effort  of  the  first 
phase  of  the  program  therefore  consisted  of  using  available  digital  signal  processing  techniques  and  finding 
the  best  compromise  between  good  voice  quality  and  baseband  bandwidth  reduction,  keeping  in  mind  that 
the  narrowband  voice  signal  had  to  be  in  a  form  that  allows  encryption,  that  keeps  the  spectrum  spreading  to 
its  minimum,  that  may  be  mixed  with  data  (side)  information,  and  finally  that  contains  enough  information 
for  the  receiver  to  compensate  for  the  radio  transmission  link  (e.g.,  fading). 

The  voice  bandwidth  reduction  technique  that  was  developed  for  this  application  forms  the  backbone  of  the 
system,  and  through  a  versatile  design  implementation,  various  additional  features  can  be  grafted  as  needed 

2.0  The  PERFORMANCE  OBJECTIVES 

A  number  of  design  objectives  originate  directly  from  the  kind  of  application  this  vcmmunications  system 
will  be  used  for,  i.e.,  mobile  tactical  voice  communications.  A  non-exhaustive  list  of  immediate  and  future 
desired  performance  criteria  is  as  follows: 

•  Narrowband:  the  Radio  Frequency  (RF)  bandwidth  used  to  transmit  a  given  amount  of  baseband 
information  through  the  communication  channel  should  be  kept  to  its  minimum. 

•  Good  Voice  quality:  although  reduction  in  bandwidth  is  always  associated  with  a  degradation  of  the 
voice  quality,  this  sacrifice  in  quality  must  be  kept  to  its  minimum.  Good  voice  quality  means  that 
intelligibility,  naturalness,  and  speaker  recognition  are  preserved  for  a  range  of  speaker  types,  volume 
levels,  and  emotional  states.  Still,  for  bandwidth  conservation,  the  voice  bandwidth  should  be  the 
minimum  needed  for  the  degree  of  quality  required. 


16-2 


o  Voice  Security:  sophisticated  encryption  should  be  implementable,  using  as  little  extra  bandwidth  as 
possible. 

•  Low  Transmitted  power:  in  order  to  avoid  transmission  detection  in  spectrum  monitoring  activities, 
intelligible  communications  must  be  achieved  with  the  lowest  possible  level  of  emitted  power.  (This 
also  indirectly  implies  variable  emitted  power). 

•  Resistance  to  interference:  must  be  able  to  function  properly  in  the  presence  of  high  levels  of  noise  and 
various  kind  of  interference  (e.g.,  jamming,  co-located  transmitter). 

®  Robustness  to  background  noise:  must  be  robust  to  background  noise  such  as  often  encountered  in 
mobile  radio  communications  (for  example,  the  sound  of  the  engine  when  one  is  in  a  mobile  vehicle, 
helicopter  noise,  etc.). 

c  Power  efficiency:  as  power  efficient  as  possible,  for  reasons  of  portability. 

•  Data  transmission:  the  communications  system  must  have  the  ability  to  transmute  from  voice  to  data 
transmission. 

•  Concurrent  voice  and  data  transmission: 

the  advantages  of  a  system  that  can  send  control  information  in  the  form  of  data  before  or  after  the 
voice  are  numerous;  examples  of  possible  applications  in  such  a  case  are: 

-  addressable  squelch  (selective  calls), 

-  adjustable  transmitting  power  (automatic  selectable  power), 

-  dynamic  channel  assignment  (trunking)  compatibility. 

Control  information  in  the  form  of  data  mixed  with  the  voice  also  has  many  advantages: 

-  it  is  required  for  most  forms  of  voice  bandwidth  reduction  techniques, 

-  it  can  help  to  increase  the  complexity  level  of  the  encryption,  and 

-  it  is  needed  in  the  dynamic  control  of  voice  processing  implementations  such  as  level  normalization, 
and  for  some  companding  and  pre-emphasis  schemes. 

»  Fading  compensation  and  possibly  adaptive  equalization:  to  compensate  for  the  time  dispersion  due  to 
IF  filters  ripple,  and  freqv'  Jispersion/translation  due  to  the  multipath  propagation  of  the  land- 
mobile  environment. 

o  Vertical  integration:  the  system  must  be  capable  of  vertical  integration  across  the  frequency  bands,  i.e. 
the  system  and  spectrum  configuration  used  at  VHF  must  be  those  used,  with  minor  modifications,  at 
UHF. 

•  Frequency  Hopping:  the  system  should  also  be  able  to  operate  in  the  frequency  hopping  mode. 

The  final  product  will  be  four  proof-of-concept  prototype  radios.  Essentially,  the  prototype  radios  should 
show  that  such  a  system  is  feasible.  At  this  stage  it  would  be  unreasonable  to  build  a  radio  with  all  the  above 
features.  To  prove  that  this  narrowband  radio  is  possible,  only  the  basic  features  have  to  be  included  with 
the  first  prototypes,  so  proof-of-concept  in  this  case  means  to  demonstrate  that  a  secure  narrowband  mobile 
voice  communication  system  with  good  voice  quality  is  possible.  But  in  the  initial  design,  one  has  to  keep 
in  mind  future  expansion.  Although  it  is  impossible  to  foresee  all  the  possible  implementation  scenarios,  the 
initial  system  must  be  versatile  enough  as  to  allow,  as  much  as  possible,  future  growth. 

The  prototypes  will  be  available  in  about  1  1/2  years. 

3.0  The  DESIGN  STRATEGY 
3.1  Signal  Processor 

The  feasibility  of  such  a  versatile  system  would  have  been  impractical  just  a  few  years  ago.  But  today, 
with  the  availability  of  very  large  scale  circuit  integration,  digital  signal  processing  in  real  time  is  possible. 
The  simultaneous  implementation  of  the  various  functions  needed  for  this  communications  system  can  be 
implemented  using  Digital  Signal  Processing  (DSP).  With  the  commercial  availability  of  powerful  one-chip 
digital  signal  processors,  real-time  implementation  is  not  only  possible,  but  can  be  done  in  a.  compact 
economical  fashion-  voice  bandwidth  can  be  efficiently  reduced  using  complex  speech  bandwidth  reduction 
techniques,  choice  of  voice  or  data  transmission  can  be  achieved  by  the  simple  throw  of  a  switch  that  has 
the  effect  of  loading  a  different  program  in  the  memories  of  the  signal  processor;  in  fact,  all  the  performance 
objectives  desired  for  this  communications  system  can  be  simultaneously  implemented  using  this  state-of- 
the-art  technology,  This  approach  is  not  entirely  new:  a  versatile  ACSSB-LPC-Data  modem  has  been 
recently  successfully  developed  for  mobile  satellite  applications  (1— 4j,  using  first  generation  DSP  processors. 
Based  on  this  experience,  and  armed  with  more  powerful  DSP  processors,  sophisticated  solution  to  the 
narrowband  mobile  tactical  radio  problem  is  feasible.  (For  other  DSP  applications  to  mobile  radios,  see  also 
(5-6j). 


16-3 


3.2  Time  and  Frequency  Digital  Signal  Processing 

Alteration  of  an  analog  signal  (e.g.,  filtering)  is  done  by  forcing  the  signal  through  a  number  of  analog 
circuits  designed  to  shape  the  signal  to  the  desired  form  (or  a  close  approximation  of  it).  In  contrast,  in 
digital  processing,  the  signal  is  sampled,  and  mathematical  operations  (algorithms)  applied  to  the  data 
perform  the  signal  shaping.  The  altered  signal  is  then  reconverted  to  its  analog  form  and  changes  equivalent 
to  the  ones  obtained  using  analog  processing  are  achieved.  Generally,  when  the  algorithms  are  applied 
directly  to  the  untransformed  digital  (discrete)  signal,  the  resulting  data  is  in  a  form  that  can  be  directly- 
reconverted  to  an  analog  (continuous)  signal,  and  the  sampled  data  is  referred  to  as  being  a  time  domain 
representation  of  the  signal  (e.g.,  time  domain  filtering).  In  other  instances,  the  data  might  undergo  a  major 
change  in  representation  before  the  signal  shaping  algorithms  are  applied.  An  example  of  a  representation 
transformation  is  the  Discrete  Fourier  Transform  —  implemented  using  the  Fast  Fourier  Transform  (FFT).  In 
this  particular  case,  the  data  have  been  converted  to  a  frequency  domain  representation,  and  the  algorithms 
are  applied  in  this  domain.  Before  being  reconverted  to  an  analog  form,  the  data  is  retransformed  to  its  time 
domain  representation  by  an  Inverse  Fast  Fourier  Transform  (IFFT).  Both  processing  methods  yield  similar 
results,  however  a  particular  alteration  might  be  easier  to  implement  in  one  domain  than  in  the  other. 

3.3  The  Modulation  Scheme 

Considering  the  basic  requirements  of  the  communications  system,  (i.e.,  the  smallest  possible  RF  band¬ 
width,  communications  with  the  lowest  possible  power,  resistance  to  interference)  it  became  clear  that 
Single  Sideband  (SSB)-like  forms  of  modulation  (i.e.,  linear  modulation)  could  be  used  advantageously  for 
this  application. 

An  argument  that  is  often  presented  in  favor  of  using  wideband  FM  (i.e.,  with  modulation  index  /?  >0.6 
(7})  is  that  it  shows  an  improvement  of  the  voice  quality  over  the  other  analog  modulation  schemes  (e.g., 
AM,  SSB,  or  narrowband  FM).  However,  this  advantage,  sometimes  called  the  “capture  effect”,  basically 
disappears  in  the  presence  of  Raleigh  fading  [8j.  Besides,  there  are  two  strong  deterrents  against  the  use  of 
wideband  FM  for  this  application.  The  first  one  is  that  this  voice  improvement  is  only  achieved  through  a 
sacrifice  in  RF  bandwidth,  and  is  currently  implemented  in  the  iand-mobile  bands  with  channel  spacing  in 
the  range  of  15  to  30  kHz.  This  is  directly  in  conflict  with  the  major  objective;  narrowband.  The  second  one 
is  related  to  the  poor  Signal  to  Noise  Ratio  (SNR)  performance  of  this  modulation  scheme  below  the  FM 
threshold  of  improvement.  A  wideband  FM  receiver  with  an  input  Carrier  to  Noise  Ratio  (CNR)  well  above 
threshold  might  generally  have  superior  performance  to  that  of  SSB,  however,  as  the  input  CNR  falls  below 
the  threshold  value,  the  output  SNR  of  the  FM  receiver  falls  extremely  rapidly.  SSB,  because  of  its  linear 
nature,  has  a  definitive  advantage  over  wideband  FM  in  this  region.  At  CNR  levels  that  yield  unacceptable 
speech  :n  the  FM  receiver,  noisy,  but  intelligible  speech  is  detectable  in  the  SSB  one.  This  advantage  of  SSB 
is  accentuated  in  a  Raleigh  fading  environment  and  in  the  presence  of  co-channel  interference.  In  an  FM 
receiver,  as  soon  as  the  received  signal  fades  below  the  receiver  threshold,  the  audio  output  is  heard  to  switch 
from  signal  to  noise,  a  very  disturbing  effect  that  renders  the  speech  unintelligible  [9].  With  SSB,  the  result 
will  be  an  increase  of  the  audio  noise  level,  but  the  speech  will  still  be  readable  [10]  (unless  the  fade  is  of  long 
duration,  in  which  case  any  system  will  be  unacceptable).  In  the  presence  of  co-channel  interfering  signals 
and  fast  fading  conditions,  the  audio  output  of  the  wideband  FM  receiver  will  switch  between  the  wanted 
and  unwanted  signals  and  cause  considerable  distortion  of  the  respective  messages  [9].  For  SSB,  provided 
the  wanted  signal  is  greater  in  magnitude  than  the  unwanted  signal  for  most  of  the  time,  occasional  fades 
below  the  interfering  level  will  not  result  in  a  loss  of  message.  Even  when  the  input  CNR  are  identical,  the 
wanted  channel  can  be  read,  provided  the  signal  has  not  faded  below  the  receiver  noise  floor  [10].  Therefore, 
communications  with  lower  signal  power  and  in  the  presence  of  high  levels  of  noise  (or  interference)  can  be 
better  achieved  with  SSB.  This  is  very  advantageous  in  situation  such  as  broadband  jamming. 

Although  FM  has  had,  in  the  past,  the  advantages  of  economical  design  implementation  and  better  perfor¬ 
mance,  a  number  of  recent  studies  have  demonstrated  that  the  traditional  problems  related  to  SSB  usage 
(i.e.,  frequency  stability,  proper  operation  of  the  Automatic  Gain  Control  (AGC)  in  a  fading  environment, 
sensitivity  to  impulsive  noise,  high  costs,  etc.),  have  been  solved  through  the  use  of  a  pilot  tone  transmitted 
with  the  voice,  and  the  use  of  a  certain  number  of  processing  techniques  that  can  be  economically  imple¬ 
mented  with  today’s  high  level  of  circuit  integration,  to  yield  competitive  SSB  systems  with  performance 
similar  to  that  of  FM  (e.g.,  [10-12]).  This  research  lead  to  various  pilot  based  SSB  schemes,  such  as  Am¬ 
plitude  Companded  Single  Sideband  (ACSSB)  [13]  and  transparent  tone  in-band  with  Feedforward  Signal 
Regeneration  (FFSR)  [14]. 

It  seems  reasonable  to  take  advantage  of  the  experimental  experience  that  this  extensive  research  yielded,  and 
to  apply  the  proven  techniques  to  the  baseline  system.  Although  ACSSB  was  considered  for  this  application, 
it  was  soon  demonstrated  that  the  implementation  of  the  above  mentioned  objectives  could  not  be  fulfilled 
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using  the  conventional  form  of  ACSSB.  Nonetheless,  the  proposed  implementation,  called  Digitally  Processed 
ACSSB,  has  similarities  with  the  SSB  and  ACSSB  schemes.  The  use  of  a  linear  modulation  scheme  to 
implement  a  narrowband  voice  communications  system  is  presented  in  more  detail  in  the  following  sections. 

One  major  problem  related  to  the  utilization  of  linear  modulation  schemes  is  the  necessity  of  having  highly 
linear  power  amplifiers.  This  problem  is  discussed  in  the  next  section. 

Another  consideration  is  the  power  efficiency  of  linear  power  amplifiers.  Although  constant  envelope  mod¬ 
ulation  schemes  (e.g.,  FM)  often  use  very  power  efficient  class  C  amplifiers,  it  should  be  noted  that  this 
efficiency  degrades  significantly  when  the  transmitted  power  is  made  to  vary.  Considering  that  variable 
power  is  part  of  the  future  performance  objective,  and  taking  into  account  the  CNR/SNR  gain  (below  the 
FM  threshold)  of  SSB  over  FM,  the  power  budget  should  be  comparable. 

4.0  LINEAR  POWER  AMPLIFIER 

Although  it  is  not  difficult  to  show  that  of  all  the  currently  available  analog  schemes  of  modulation,  Single 
Sideband  (SSB)  yields  the  best  ratio  between  transmitted  RF  bandwidth  and  baseband  bandwidth,  the  fact 
that  a  3  kHz  baseband  voice  signal,  for  example,  produces  more  than  3  kHz  SSB  RF  bandwidth  is  due  to 
the  non-linearities  of  the  power  amplifier  used  with  such  modulation  scheme.  If  the  power  amplifier  were 
ideal,  a  “one  to  one”  ratio  of  RF  to  baseband  bandwidth  would  be  attainable  (when  no  pilot  is  sent). 

Designs  of  SSB  and  ACSSB  systems  have  been  aiming  at  a  5  kHz  channel  spacing.  Unfortunately,  their 
actual  land-mobile  implementation  have  yielded  much  larger  bandwidth  (e.g.,  7.5  to  10  kHz  [15-16]).  The 
actual  ratio  of  RF  to  baseband  bandwidth  for  commercial  land-mobile  VHF  ACSSB  systems  is  therefore  of 
about  3  to  1.  This  can  be  best  seen  in  figure  1,  where  a  “worst  case  emitted  spectrum”  of  an  above-band 
pilot  ACSSB  transmission  is  shown.  The  center  frequency  is  about  145  MHz,  and  the  “worst  case  spectrum” 
situation  was  obtained  by  talking  continuously  into  the  microphone  (for  about  2  minutes),  and  recording 
the  maximum  value  of  each  RF  frequencies.  The  assigned  frequency  in  this  figure  is  1.8  kHz  above  the 
suppressed  carrier  frequency  (that  is,  -1.8  kHz  on  this  figure  is  the  suppressed  carrier  frequency).  The  peak 
envelope  power  of  this  unit  is  25  watts.  One  can  see  that  the  3  kHz  baseband  bandwidth  (that  consists  of  the 
speech  signal  and  the  pilot  tone)  is  directly  translated  into  the  RF  bandwidth  with  an  approximately  ideal 
(one  to  one)  ratio  down  to  about  30  dB  below  the  maximum  power.  Below  this  level,  the  non-linearities  of 
the  power  amplifier  give  rise  to  spurious  emissions  that  widen  the  spectrum,  for  example,  up  to  10  kHz  at 
65  dB  below  the  maximum  power.  The  spurious  frequency  components  in  the  region  about  -4.5  to  -2  kHz 
and  +1.5  to  +4  kHz  relative  to  the  assigned  frequency  are  dominated  by  the  third  order  intermodulation 
products;  the  spurious  components  outside  this  range  are  caused  by  the  higher  order  products. 
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Figure  1  ACSSB  Fmiiiod  Spectrum  long  t»me  Voice 
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Figure  2  FM  Enr.itrcd  Spoctrum,  Long-Time  Voice.  2  Stations  (25  kH/) 


The  occupied  spectrum  at  60-70  dB  below  the  max¬ 
imum  power  is  a  criterion  occasionally  used  to  de¬ 
termine  the  channel  spacing  in  land-mobile  radios. 

This  can  be  best  seen  looking  at  figure  2,  where 
the  worst  case  or  long-time  spectrum  of  2  typical 
land-mobile  FM  transmitters  is  shown.  The  situ¬ 
ation  depicted  in  this  figure  is  of  2  co-located  FM 
transmitters,  separated  in  frequency  by  one  chan¬ 
nel  spacing  (25  kHz).  One  can  see  that  the  emitted 
spectra  meet  at  about  60  dB  below  the  maximum 
power. 

Therefore,  in  order  to  obtain  the  same  kind  of  per¬ 
formances  in  terms  of  interference  level  and  dynamic 
range  for  co-located  AOSSB  stations,  a  power  am¬ 
plifier  with  more  linearity  is  definitively  needed,  be¬ 
cause,  as  seen  in  figure  3,  if  we  impose  a  5  kHz  chan¬ 
nel  spacing  for  the  ACSSB  transmitters,  co-located 
stations  interfere  on  each  other  at  only  about  35  dB 
below  their  maximum  power.  To  get  performance 
similar  to  that  of  FM,  this  value  should  be  improved 
to  at  least  60  dB. 

At  the  beginning  of  this  research  program,  it  was 
proposed  to  direct  part  of  the  efforts  towards  finding 
ways  to  improve  the  performance  (or  equivalently, 
improve  the  linearity)  of  the  power  amplifier.  In  addition  to  taking  advantage  of  the  past  research  in  this 
field  (e.g.,  [17-18]),  the  possibility  of  using  digital  signal  processing  at  the  baseband  level  in  order  to  reduce 
the  effects  of  the  intermodulation  products  in  the  power  amplifier  had  been  suggested.  Although  these 
possibilities  might  still  be  explored,  the  task  of  finding  an  appropriate  linear  power  amplifier  was  recently 
considerably  reduced,  since  a  Canadian  Company  working  in  this  field  was  found.  They  produce  a  linear 
power  amplifier  that  might  be  satisfactory  for  this  application.  We  will  soon  be  testing  these  amplifiers,  and 
be  able  to  judge  if  they  meet  our  requirements. 

Naturally,  the  width  of  the  emitted  spectrum  is  not  the  only  factor  to  be  considered  to  reduce  the  channel 
spacing,  the  receiver  also  has  to  be  properly  designed.  But  this  part  does  not  seem  to  cause  major  difficulty, 
and  will  most  likely  be  handled  with  standard  design  techniques. 

5.0  The  BASEBAND  BANDWIDTH  REQUIREMENTS 

It  is  generally  accepted  that  for  good  voice  quality,  the  baseband  voice  bandwidth  should  include  the  fre¬ 
quencies  from  about  300  to  3300  Hz.  With  an  ideal  power  amplifier,  an  RF  channel  spacing  of  about  3  kHz 
could  be  obtained  from  a  3  kHz  baseband  speech  signal.  However,  taking  into  consideration  the  demand 
resulting  from  the  data  information  transmission  required  for  the  implementation  of  the  desirable  functions 
of  a  tactical  communications  system,  and  from  the  embedded  reference  signal  (e.g.,  pilot  tone)  required  for 
fading  compensation,  additional  bandwidth  is  required.  As  stated,  our  basic  objective  is  a  channel  spacing  of 
about  3  kHz,  hence,  to  achieve  this  goal,  other  means  must  be  sought.  The  most  obvious  way  to  reach  this 
objective  is  by  reducing  the  baseband  voice  bandwidth.  Therefore,  one  is  facing  the  fundamental  tiv,dc-off 
of  narrowband  versus  quality,  one  would  like  to  decrease  tiie  voice  bandwidth,  but  not  its  quality.  How 
can  this  dilemma  be  solved?  Some  form  of  bandwidth  reduction  can  be  used  in  order  to  save  the  major 
components  of  the  speech  that  are  important  to  maintain  a  relatively  good  voice  quality. 

Speech  bandwidth  reduction  techniques  are  means  of  reducing  the  bandwidth  needed  to  represent  the  hu¬ 
man  voice  waveform.  Bandwidth  reduction  methods  introduce  approximations  and  eliminate  unneeded 
information  in  the  speech  signal.  The  possibility  exists  for  techniques  to  reduce  the  voice  bandwidth  while 
maintaining  relatively  good  voice  quality,  and  they  have  been  explored  within  this  program.  A  brief  overview 
of  some  of  these  techniques  is  presented  in  the  next  section. 

6.0  SPEECH  BANDWIDTH  REDUCTION 

8.1  Analog  versus  Digital  Bandwidth  Reduction  Techniques 

One  distinction  that  should  be  made  is  the  difference  between  analog  and  digital  bandwidth  reduction 
techniques. 
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Over  the  past  decade,  the  overwhelming  attention  has  been  given  to  digital  (i.e.,  vocoders)  over  analog 
techniques.  Most  activity  today  in  speech  bandwidth  reduction  is  concentrated  on  digital  techniques  which 
provide  bit  rate  reduction  rather  than  direct  audio  bandwidth  reduction.  For  example,  Linear  Predictive 
Coding  (LPC),  Adaptive  Predictive  Coding  (APC),  etc.,  are  systems  that  use  digital  bandwidth  reduction. 
Consequently,  the  reduced  signal  is  transmitted  using  digital  modulation  techniques.  Also,  the  need  for 
security  in  voice  communications  has  been  met  by  converting  the  voice  to  a  digital  form  so  that  sophisti¬ 
cated  digital  encryption  is  possible.  Furthermore,  digital  techniques  are  attractive  for  transmission  through 
Integrated  Services  Digital  Networks  (ISDN). 

Digital  bandwidth  reduction  techniques  start  with  a  big  handicap  with  regards  to  bandwidth.  At  a  sampling 
rate  of  8000  samples  per  second  and  with  a  minimum  of  8  bits  per  sample  to  characterize  the  amplitude 
of  each  sample,  a  total  of  64000  bits  per  second  is  needed  to  represent  the  speech.  A  commonly  accepted 
goal  today  is  to  reduce  this  bit  rate  to  2400-9600  bits  per  second  (bps).  While  the  lowest  bit  rate  can  be 
achieved,  the  quality  of  the  voice  generally  suffers  accordingly. 

Linear  Predictive  Coding  (LPC)  for  example  is  a  digital  bandwidth  reduction  technique  that  yields  very 
good  results  in  providing  bit  rate  reduction  in  the  digital  transmission  systems,  and  has  been  considered 
as  satisfying  some  of  the  requirements  of  this  application.  However,  at  very  low  data  rates  (e.g.,  2400  bps: 
LPC-10),  although  it  yields  a  voice  signal  with  relatively  good  intelligibility,  it  is  often  judged  as  lacking  two 
very  important  attributes  generally  needed  for  the  voice  to  be  qualified  as  good  quality  speech:  it  is  somewhat 
deficient  in  naturalness,  the  attribute  of  sounding  natural,  not  machine-made,  robot-like  or  synthetic,  and 
also  in  speaker  recognition,  which  is  the  ability  of  a  listener  to  recognize  the  voice  of  someone  he  knows. 

Most  very  low  bit  rate  vocoders  have  the  first  of  the  above  qualities  (i.e.,  intelligibility),  but  lack  the  second 
and  third  (speaker  recognition  and  naturalness).  On  the  other  hand,  a  very  narrow  band-limited  voice 
signal  (e.g.,  200-2000  Hz)  might  conserve  speaker  recognition  and  naturalness,  but  lose  a  lot  of  intelligibility. 
Consequently,  good  voice  quality  is  generally  defined  as  having  the  3  above  attributes:  intelligibility,  speaker 
recognition,  and  naturalness,  and  the  chosen  bandwidth  reduction  method  should  preserve  these  3  attributes. 

A  survey  of  the  various  bandwidth  reduction  techniques  showed  no  digital  voice  coding  techniques  that  result 
in  less  bandwidth  for  the  same  quality  as  analog.  Although  analog  bandwidth  reduction  techniques  have 
been  tried  in  the  past,  with  more  or  less  satisfactory  results,  it  is  important  to  stress  that  a  major  element 
now  makes  these  techniques  easier  to  implement,  more  precise  and  powerful,  and  more  economical  than  the 
implementations  that  were  done  in  the  late  seventies:  the  implementation  can  now  be  done  using  digital 
signal  processors. 

Therefore,  our  efforts  were  not  directed  towards  research  in  the  actively  studied  field  of  digital  bandwidth 
reduction.  We  chose  rather  to  diversify  and  concentrate  on  using  Digital  Signal  Processing  (DSP)  and  apply 
it  to  the  less  explored  analog  bandwidth  reduction  techniques,  because,  for  the  typical  land-mobile  type  of 
communication  path,  the  best  opportunity  for  baseband  (bandwidth)  reduction  at  present  appears  to  be 
analog  (although  this  could  change  in  the  future).  Present  status  of  analog  reduction  techniques  indicates 
the  possibility  of  obtaining  good  voice  quality  in  less  than  half  the  actual  transmitted  baseband  (bandwidth) 
of  speech  (19). 

Another  very  important  consideration  with  bandwidth  reduction  techniques  is  their  performance  in  the 
presence  of  background  noise.  It  is  of  prime  importance  that  the  technique  utilized  be  able  to  function  well 
in  a  noisy  environment.  Some  techniques  (e.g.,  LPC-10)  yield  completely  unintelligible  speech  in  many  noisy 
environments,  and  this  should  be  avoided. 

A  study  of  the  available  analog  bandwidth  reduction  techniques  that  could  be  used  for  this  application  v/as 
done,  and  experimental  evaluation  using  DSP  was  conducted  with  the  most  promising  candidates.  This  is 
described  in  the  next  section. 

6.2  Overview  of  Analog  Speech  Bandwidth  Techniques 

Analog  bandwidth  reduction  techniques  can  be  classified  into  two  major  categories.  The  principal  difference 
between  the  two  classes  is  that,  in  one  case,  an  attempt  is  made  to  interpolate  the  missing  speech  components 
(time  or  frequency),  whereas  no  attempt  is  made  in  the  other  case. 

Because  of  their  attractiveness  in  reducing  the  bandwidth  of  the  voice  signal,  some  consideration  was  given 
to  frequency  compression-expansion  (companding)  methods  (20-22).  If  frequencies  could  be  easily  divided 
and  multiplied  by  two,  bandwidth  could  be  halved.  That  looks  like  a  good  approach,  yet  the  implementation 
is  not  that  simple.  It  is  easy  to  compress  and  expand  the  amplitude  of  a  signal.  For  example,  the  amplitude 
can  just  be  divided  by  two  at  the  transmitter,  and  multiplied  by  two  at  the  receiver.  However,  dividing  all 
the  frequencies  by  two  is  another  problem,  because,  by  doing  so,  one  essentially  loses  some  of  the  frequency 
components.  These  missing  components  have  to  be  interpolated  in  some  way  at  the  receiver  and,  as  was 
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found,  such  interpolation  can  seriously  affect  the  quality  of  the  voice. 

One  technique  of  frequency  companding  consists  of  transforming  the  real  and  imaginary  components  of  the 
FFT  data  into  amplitudes  and  phases  (23-24].  One  out  of  two  amplitude  and  phase  components  is  rejected 
(put  to  zero)  in  the  case  of  2:1  frequency  compression.  The  remaining  components  are  then  moved  down 
and  the  resulting  signal  converted  back  to  the  time  domain  (IFFT),  and  transmitted  using  only  half  the 
bandwidth  of  the  original  signal.  At  the  reception,  an  FFT  is  taken  of  the  signal,  the  amplitude  components 
are  moved  back  to  their  original  position,  and  the  missing  ones  are  linearly  interpolated.  The  missing  phases 
are  replaced  with  random  values  (because  of  the  low  correlation  of  the  phase,  it  can  not  be  interpolated),  and 
the  signal  reconverted  to  the  time  domain.  The  resulting  signal  is  quite  intelligible,  and  although  amplitude 
interpolation  error  as  well  as  discontinuities  at  the  time  domain  block  boundaries  result,  this  is  not  the  major 
problem:  distortion  and  background  noise  are  produced  as  a  result  of  the  incorrect  phase  associated  with  the 
interpolated  amplitude  components.  This  noise  is  sometimes  referred  to  as  audio  phase  noise.  In  a  variation 
of  this  scheme,  all  the  phase  information  is  discarded  at  the  transmission,  and  only  the  amplitude  components 
are  transmitted.  At  the  reception,  when  the  signal  is  converted  back  to  the  time  domain  using  random  or 
fixed  phase  values,  a  signal  with  background  noise  and/or  with  some  form  of  amplitude  modulation  results. 
Finally,  by  reducing  the  FFT  size,  and  by  alternating  the  phase,  for  example  between  0  and  180  degrees,  a 
voice  signal  that  is  quite  intelligible,  but  that  has  lost  its  naturalness  is  produced. 

Other  forms  of  interpolation  such  as  the  time  domain  speech  gapping  (25],  and  adaptive  interpolation  (26), 
or  the  frequency  domain  signal  reconstruction  from  the  Fourier  TYansform  magnitude  [27]  were  found  to 
either  yield  relatively  poor  voice  quality,  and/or  to  be  sensitive  to  background  noise  and/or  to  be  highly 
susceptible  to  transmission  errors. 

Fewer  problems  are  generated  when  no  attempt  is  made  to  interpolate  the  missing  (time  or  frequency)  speech 
components.  For  example,  in  simple  “fixed  frequency  band  elimination”,  some  of  the  frequency  spectrum 
in  the  middle  of  the  3  kHz  voice  band  is  simply  thrown  away  [28].  The  frequency  bands  retained  can  be 
transferred  into  the  frequency  gaps  created  and  the  bandwidth  of  the  speech  signal  thereby  reduced.  The 
major  problem  with  this  scheme  is  that  important  parts  of  the  voice  spectrum,  located  outside  the  kept 
bands,  will  be  lost. 

Another  idea  for  frequency  band  elimination  takes  advantage  of  the  fact  that  the  voiced  and  unvoiced 
components  tend  to  be  separated  in  time  and  frequency  (29].  But  to  function  properly,  this  method  requires 
a  basic  kept  speech  bandwidth  in  the  order  of  2  kHz.  Note  also  that  this  technique  is  sensitive  to  background 
noise. 

An  improvement  on  the  above  two  methods,  the  “dynamic  frequency  band  extraction”  has  been  successfully 
applied  to  digital  speech  bandwidth  reduction  techniques  (in  a  technique  called  “sub-band  coding”  [30]), 
but  has  also  its  analog  equivalent.  The  principle  behind  this  scheme  is  simple:  if  one  is  going  to  throw  away 
some  frequencies,  one  might  as  well  throw  away  the  ones  with  the  least  energy.  In  this  scheme,  the  speech 
energy  in  several  frequency  bands  is  analyzed  continuously.  Only  the  frequencies  in  the  bands  which  contain 
the  most  significant  energy  are  transmitted.  This  way,  the  formants  of  the  voiced  sounds,  for  example,  can 
be  tracked  and  included  in  the  transmitted  information.  Naturally,  means  must  be  provided  to  inform  the 
receiver  which  frequency  bands  are  being  transmitted  and  the  signal  is  restored  accordingly.  This  method  is 
more  complex  to  implement  than  the  fixed  frequency  band  elimination,  yet  yields  much  better  voice  quality. 
This  method  when  optimized  was  found  to  yield  results  of  a  quality  acceptable  for  this  application  and  was 
adopted  for  the  communications  system. 

Good  voice  quality  was  not  the  only  criterion  used  for  adopting  this  bandwidth  reduction  technique.  Various 
other  factors,  for  example,  its  behaviour  in  the  presence  of  background  noise,  and  its  level  of  encryptability 
were  also  considered.  A  more  detailed  description  of  these  factors,  as  veil  as  an  overview  of  the  general 
principles  behind  the  dynamic  frequency  band  extraction  method  are  given  in  the  following  sections. 

7.0  The  DYNAMIC  FREQUENCY  BAND  EXTRACTION  TECHNIQUE 

The  general  principles  of  this  method  can  be  better  explained  by  looking  at  the  following  figures: 

Figure  4-a  represents  the  frequency  spectrum  of  a  4  kHz  bandwidth  voice  sample,  analysed  over  a  short 
period  of  time  (typical  period  values  are  between  16  and  128  milli-seconds  (msec)).  This  period  is  hereafter 
called  a  frame.  The  frequency  spectrum  is  obtained  by  first  sampling  the  continuous-time  voice  signal,  and 
by  doing  an  FFT  on  a  fixed-length  block  of  sampled  signal. 

The  vertical  axis  represents  the  amplitude  squared  (or  equivalently,  the  energy)  of  the  various  frequency 
components  (horizontal  axis)  present  in  this  frame.  One  can  see  that  many  frequency  bands  are  either 
empty  or  have  very  little  energy.  Thus,  by  eliminating  these  frequency  bands,  and  by  keeping  only  those 
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with  significant  energy,  the  voice  quality  should  not  degrade.  In  a  possible  form  of  transmission,  the  frequency 
bands  that  have  been  kept  are  translated  down  so  that  the  bandwidth  they  occupy  is  reduced  by  a  factor  of 
2  (from  4000  Hz  to  2000  Hz),  as  shown  in  figure  4-b.  From  the  original  speech  spectrum  (4-a),  one  can  also 
see  that  some  frequency  bands  have  relatively  low  energy,  thus,  by  eliminating  these  low  energy  frequencies, 
a  compression  factor  of  3  can  be  obtained  (figure  4-c).  When  transmitted  in  this  compressed  form,  the  signal 
uses  only  1/3  the  original  bandwidth.  It  is  expanded  back  to  its  original  frequency  bands  at  the  receiver  to 
yield  approximately  the  original  voice  signal  frequency  spectrum  (figure  4-d).  The  approximate  time  domain 
speech  signal  is  recovered  by  doing  an  inverse  FFT  on  this  spectrum. 

Clearly,  means  must  be  provided  to  inform  the  receiver  where  to  position  the  frequency  bands.  This  requires 
the  transmission  of  some  data  information  along  with  the  voice  information.  But,  as  mentioned  before,  data 
incorporated  with  the  voice  is  an  asset,  and  will  help  meet  some  of  the  objectives  of  this  system.  For  example, 
by  interlacing  the  data  with  the  voice  discrete-time  frequency  components,  enough  information  would  be 
provided  at  the  receiver  for  it  to  “sound”  the  channel,  and  FFSR  (Feed  Forward  Signal  Regeneration)  type 
of  fading  compensation  could  be  performed  using  this  “spread  pilot”  instead  of  an  independent  pilot  tone. 

Data  can  also  be  added  to  dynamically  normalize  the  amplitude  of  the  signal  on  a  frame-to-frame  basis, 
thereby  yielding  more  efficient  signal  to  noise  ratios  and  lower  peak  to  average  power  ratios. 

Using  an  original  voice  bandwidth  of  3  Khz  (300-3300  Hz),  and  extracting  statistics  from  a  number  of  voice 
samples,  it  was  found  that  most  of  the  speech  energy  is  concentrated  in  about  a  total  of  750  Hz,  therefore 
yielding  the  possibility  of  a  4  to  1  compression  factor. 

As  mentioned,  the  speech  energy  in  several  frequency  bands  is  analysed  continuously,  and  only  the  frequency 
bands  which  contain  the  most  significant  energy  are  transmitted.  Based  on  the  statistics  extracted  from  the 
voice  samples,  the  technique  was  tried  with  different  number  of  bands,  with  bands  of  various  bandwidth, 
and  with  various  optimization  schemes. 

Saving  a  total  instantaneous  bandwidth  of  750  Hz  (out  of  the  original  3000  Hz)  yielded  relatively  good  quality 
voice  for  male  speakers,  but,  because  of  the  more  dynamic  and  richer  frequency  content  of  the  spectrum 
produced  by  female  speakers,  more  distortion  was  introduced  in  their  processed  speech.  This  is  mainly  due  to 
the  higher  number  and  larger  excursion  of  the  band  movements  in  the  female  voice  case.  By  careful  planning 
of  the  movement  of  the  bands,  and  by  using  a  larger  instantaneous  bandwidth,  the  quality  (specially  for 
female  speakers)  was  greatly  improved.  Thus,  the  final  optimized  version  extracts  only  1200  Hz  per  frame, 
out  of  the  original  3000  Hz. 
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Figure  4.  Compression/Expansion  of  the  Speech  Signal.  Dynamic  Frequency  Band  Extraction 
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This  scheme  was  evaluated  for  a  number  of  English  speaking  male  and  female  voices,  and  was  generally 
found  to  yield  good  quality  speech  signal.  Finally,  other  languages  (e.g.,  French,  Japanese)  were  also  tested 
and  evaluated  as  of  good  quality.  An  audio  cassette  containing  voice  samples  processed  with  this  technique 
is  available,  and  it  illustrates  the  voice  quality  achieved. 

Because  the  optimized  1200  Hz  version  produces  good  voice  quality  for  both  male  and  female  speakers,  and 
because  this  version  also  reproduces  well  other  languages,  it  was  considered  a  good  candidate  for  our  baseline 
system.  But  before  being  adopted,  aptitudes  to  encryptability  and  resistance  to  background  noise  had  to  be 
demonstrated. 

Therefore,  a  number  of  speech  samples  with  various  background  noises  were  processed.  The  results  showed 
that  the  dynamic  frequency  band  extraction  method  was  not  only  resistant  to  background  noise,  but  in  some 
instances  could  even  help  in  reducing  it.  This  is  demonstrated  in  the  following  idealized  representation: 
consider  the  original  speech  spectrum  of  figure  4-a.  To  this  signal,  some  form  of  noise  -  let  say  white  noise 
-  is  added.  Figure  5-a  is  a  representation  of  the  noisy  signal.  Since  only  the  highest  energy  bands  are 
chosen  and  transmitted,  at  the  receiver,  the  background  noise  that  was  present  in  the  other  bands  has  been 
eliminated  (figure  5-b).  Therefore,  in  this  situation,  the  bandwidth  reduction  technique  helped  in  reducing 
the  background  noise.  Note  also  that  various  processing  and  optimization  techniques  can  also  be  used  to 
counter  high  energy  spectrally  limited  noise. 

The  encryptability  is  also  best  demonstrated  using  a  figure:  Using  the  3  to  1  frequency  compressed  speech 
spectrum  representation  of  figure  4-c,  applying  amplitude  compression  and  normalization  to  each  frame, 
figure  &-a  results.  This  processing  serves  two  goals:  to  reduce  the  peak  to  average  power  ratio,  and  to  remove 
the  speech  pattern.  Normalizations  bring  the  amplitudes  of  the  high  and  low  passages  to  the  normalized 
level.  Even  for  a  very  low  level  or  a  silent  passage,  the  resulting  signal  ends  up  at  the  normalized  level; 
consequently,  the  speech  pattern  is  destroyed. 

In  addition,  data,  at  the  normalized  level,  is  inserted  with  the  voice  components.  This  data  is  used  for 
example  to  tell  the  receiver  where  to  position  the  frequency  bands,  what  normalization  gain  to  apply  to 
each  band,  etc.  As  can  be  seen  in  figure  6-b,  the  resulting  frequency  domain  speech  signal  is  already  quite 
unrecognizable. 


(a)  Added  Background  Noiae  (b)  Effect  of  Frequency  Bend  Extraction 

Figure  5:  Dynamic  Frequency  Band  Extraction  in  the  presence  of  Background  Noise 


(a)  Amplitude  Compresaion  and  Normalization  (b)  Addition  of  Date 

Figure  6:  Amplitude  Compression  and  Normalization,  Addition  of  Data 
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To  this  signal  different  kinds  of  encryption  can  be  added,  for  example,  the  position  of  die  discrete  frequency 
components  can  be  mixed,  or  the  phase  can  be  scrambled,  and  independent  encryption  can  be  applied  to 
the  data  and  voice  components.  It  has  recently  been  shown  that  the  FFT  coefficients  scrambling  approach 
provides  high-level  security  [3lJ.  But  if  that  is  not  enough,  a  second  stage  of  encryption  can  be  added 
by  combining  2  or  3  frames  together  and  scrambling  everything  together  again.  Most  important,  all  this 
encryption  can  be  done  without  further  increase  in  the  bandwidth. 

8.0  The  TRANSMISSION  STRATEGY 

As  mentioned,  a  certain  amount  of  data  information  has  to  be  transmitted  along  with  the  reduced  voice 
signal.  The  development  of  techniques  for  transmitting  this  information  efficiently,  without  further  distortion 
to  the  voice  signal,  is  very  important. 

Another  consideration,  arising  from  the  finite  amount  of  processing  that  can  be  done  in  real  time  on  the 
digital  signal  processor,  is  to  keep  the  amount  of  processing  at  a  practical  level. 

As  we  have  seen,  frequency  domain  processing  is  used  to  implement  the  voice  bandwidth  reduction.  Therefore 
at  least  one  Fast  Fourier  Transform  (FFT)  operation  is  required  at  the  transmitter.  Should  conventional  time 
domain  modulation  (e.g.,  ACSSB  in  its  actual  form)  be  used  to  transmit  the  signal,  an  inverse  FFT  before 
transmission  would  be  required.  FFT  and  IFFT  transformations  are  computationally  intensive  operations 
that  seize  an  important  part  of  the  time  available  for  real  time  processing. 

Relating  the  performance  objectives  to  a  time  domain  transmission,  one  finds  implementation  difficulties. 
For  example,  implementing  encryption  by  scrambling  the  frequency  components  results  in  discontinuities  in 
the  frequency  domain  signal.  If  this  signal  is  translated  into  the  time  domain,  adverse  oscillations  will  result 
and  will  cause  additional  distortion  of  the  speech  signal. 

Inzorporation  of  data  with  the  voice  would  cause  similar  discontinuity  problems,  unless  the  data  is  modulated 
with  the  pilot,  in  which  case  the  pilot  would  seize  a  relatively  important  part  of  the  total  bandwidth  and 
transmitted  power  and  would  cause  aggravated  power  amplifier  intermodulation  problems.  Also,  for  anti¬ 
jamming  purposes  it  has  been  suggested  that  the  pilot  be  spread  over  the  band,  and  implementation  problems 
are  anticipated  if  the  time  domain  is  used  for  the  transmission. 

Therefore,  the  mode  of  transmission  strategy  has  to  be  carefully  planned  so  that  the  performance  objectives 
can  be  implemented  without  degradation  of  the  voice  quality. 

By  directly  transmitting  the  amplitude  and  phase  levels  of  the  FFT  components,  as  the  amplitude  and  phase 
of  the  RF  waveform,  at  uniformly  spaced  instances  in  time  (instead  of  the  continuous  time  domain  IFFT 
amplitudes)  (32),  the  above  problems  would  be  solved,  and: 

-  data  and  FFT  component  levels  can  be  mixed  as  a  sequence  of  discrete-time  complex  (i.e.,  amplitude 
and  phase)  samples  prior  to  modulation  and  transmission; 

-  since  the  conversion  to  the  time  domain  is  done  only  at  the  receiver,  less  processing  is  required,  and  an 
inverse  FFT  operation  at  the  transmitter,  as  well  as  an  FFT  at  the  receiver  are  eliminated.  Also,  it  is 
believed  that  transmitting  the  frequency  domain  samples  will  not  only  reduce  the  processing  load,  but 
also  result  in  increased  robustness; 

•  the  discontinuity  problem  caused  by  the  scrambling  of  the  frequency  components  is  eliminated,  since  the 
conversion  to  the  time  domain  is  done  at  the  receiver  after  the  FFT  components  have  been  descrambled, 

-  encryption  can  be  more  complex,  in  fact,  similar  techniques  as  the  ones  used  for  data  encryption  can 
be  employed; 

-  data  and  known  training  samples  (instead  of  a  pilot)  can  be  uniformly  mixed  with  the  FFT  samples 
and  used  to  sound  the  transmission  link; 

-  the  data  and  known  training  samples  can  be  used  to  train  an  adaptive  equalizer  [33]; 

-  finally,  the  data  and  known  training  symbols  would  effectively  produce  the  effect  of  a  spread  pilot, 
yielding  advantage  not  only  in  terms  of  anti-jamming  performance  but  also  in  terms  of  avoiding  inter¬ 
modulation  in  the  linear  power  amplifier. 

Therefore,  bandwidth  reduction  in  this  case  can  be  seen  as  a  reduction  of  the  number  of  spectral  rays 
tha*  have  to  be  transmitted  through  the  communication  link.  Although  digital  signal  processing  is  used  to 
implement  the  algorithms,  the  effect  of  the  bandwidth  reduction  still  results  in  the  equivalent  bandwidth 
reduction  of  the  analog  form. 

In  addition  to  the  above  mentioned  advantages,  another  saving  in  bandwidth  results  from  the  fact  that, 
if  the  voice  signal  was  reconverted  to  the  time  domain  before  transmission,  the  pilot  tone,  inserted  in  the 
emitted  signal,  would  need  to  be  separated  from  the  neighbour  bands  by  a  non-negligible  frequency  gap. 
The  insertion  of  a  non  modulated,  in-band,  time- domain  pilot  tone  necessitates  a  guard  band  of  twice  the 
maximum  Doppler  shift  frequency,  on  each  aide  of  it,  in  order  to  compensate  for  the  frequency  spreading 
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that  occurs  during  fading.  We  have  an  analogous,  but  smaller,  penalty  in  that,  we  have  to  “sound”  the 
channel  at  a  rate  of  at  least  twice  the  maximum  Doppler  frequency  (Nyquist’s  sampling  theorem). 

9.0  The  TRANSMISSION  IMPLEMENTATION 

This  section  briefly  presents  what  is  transmitted,  how  the  transmission  is  accomplished,  and  how  much  RF 
bandwidth  is  required. 

Data  information,  at  a  rate  of  about  550  bits  per  second,  is  needed  to  implement  the  majority  of  the 
performance  objectives  previously  mentioned,  including  voice  encryption  and  fading  compensation.  Part 
of  this  data  is  also  used  for  the  repositioning  of  the  frequency  bands  at  the  receiver,  and  for  amplitude 
normalization.  As  will  be  seen,  the  bandwidth  used  for  the  data  occupies  only  about  1/4  of  the  total 
baseband  bandwidth. 

The  reduced  voice  information  consists  of  amplitude  and  phase  components  extracted  from  the  original  voice 
signal  by  using  an  FFT  and  applying  the  dynamic  frequency  band  extraction  to  the  high  energy  frequency 
bands.  Although  an  instantaneous  bandwidth  of  only  1200  Hz  is  kept  (resulting  in  1200  complex  discrete¬ 
time  samples  per  second),  the  overlap-and-add  algorithm  required  when  filtering  in  the  frequency  domain 
increases  the  number  of  samples  per  second  by  about  250.  Therefore,  a  total  of  1450  complex  analog  discrete¬ 
time  samples  per  second  is  needed  for  the  voice  signal.  The  voice  signal,  therefore,  takes  about  3/4  of  the 
total  baseband  bandwidth. 

By  coding  the  data  information  in  terms  of  amplitude  and  phase,  all  the  information  to  be  transmitted  is 
in  the  (complex)  frequency  domain  form.  The  data  is  inserted  between  the  voice  samples.  Consequently,  a 
total  of  550  +  1450  =  2000  complex  discrete-time  samples  per  second  has  to  be  sent. 

Finally,  the  amplitude  and  phase  levels  of  the  voice  and  data  frequency  components  are  modulated  as  the 
amplitude  and  phase  of  the  RF  waveform.  This  is  a  form  of  quadrature  SSB  modulation.  Allowing  for  the 
extra  bandwidth  required  for  the  pulse  shaping  of  this  discrete  time  signal,  and  adding  error  detection  and 
correction  to  our  data,  the  modulated  bandwidth  will  be  about  1.25  times  the  discrete-time  rate  (this  1.25 
factor  is  a  function  of  the  sharpness  of  the  transmit  filter).  Consequently,  supposing  a  very  good  linear  power 
amplifier,  an  RF  channel  spacing  in  the  order  of  2.5  kHz  is  expected. 

Should  one  be  satisfied  with  the  lower  voice  quality  obtained  by  keeping  an  instantaneous  bandwidth  of  750 
Hz  instead  of  1200  Hz,  the  RF  channel  spacing  could  be  maintained  below  1800  Hz. 

This  modulation  scheme  was  simulated,  and  it  was  found  that,  as  expected  with  linear  modulation  schemes, 
it  provides  intelligible  communications  in  a  very  low  RF  carrier  to  noise  environment. 

10.0  CONCLUSIONS 

The  instantaneous  1200  Hz  voice  bandwidth,  obtained  using  the  dynamic  frequency  band  extraction  band¬ 
width  reduction  technique,  has  been  chosen  as  the  baseline  voice  representation  for  this  communications 
system.  A  number  of  voice  samples  processed  with  this  method  has  shown  that  such  an  instantaneous  band¬ 
width  accurately  reproduces  the  majority  of  speakers.  It  is  believed  that  the  presented  approach  yield  better 
voice  quality  and  superior  robustness  to  background  noise,  compared  to  digital  vocoder  techniques  requiring 
similar  bandwidths. 

In  terms  of  baseband  bandwidth,  some  overhead  data  Is  required  for  channel  tracking  (fading  compensation), 
voice  encryption,  dynamic  control,  error  correction,  and  generally,  to  implement  the  various  wanted  options 
required  for  a  versatile  mobile  tactical  communications  system. 

At  this  time,  assuming  a  highly  linear  power  amplifier,  it  is  felt  that  the  total  RF  channel  spacing,  including 
voice,  data,  encryption,  and  fading  compensation,  can  be  maintained  below  2500  Hz. 
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DISCUSSION 


M.  DARNELL 

Can  you  tell  me  how  often  the  "dynamic  windows"  are  re-assigned  ?  Is  it 
more  or  less  frequently  than  the  20-25ms  of  conventional  digital  vocoder 
systems  ? 

AUTHOR'S  REPLY 

The  discrete  Fourier  transform  is  done  about  every  64msec.,  and  the  windows 
are  allocated  independently  in  each  frame  (i.e.  every  64msec.).  So  this  is 
about  3  times  slower  than  with  LPC-10.  A  compromise  had  to  be  made  :  in  one 
hand  you  want  a  frame  as  long  as  possible  in  order  to  reduce  the  amount  of 
"support"  data  sent  per  second.  On  the  other  hand  you  want  a  short  frame  in 
order  to  "grab”  all  the  frequency  variations. 

R.D.  STEWART 

What  techniques  are  you  using  for  your  "improved  linear  amplifier".  Are  you 
using  novel  techniques  such  as  predistortion  or  feed-forward  to  improve 
linearity  ? 

What  is  the  output  power  of  your  linear  amplifier  ? 

AUTHOR'S  REPLY 

1  -  Various  techniques  have  been  looked  at.  References  are  given  in  the 

paper.  Basically  we  will  use  feed-forward  techniques.  Predistortion 
may  be  applied  at  the  baseband  level  if  this  is  easily  done  with  Digital 
Signal  Processing. 

2  -  The  prototypes  will  have  a  peak  envelope  power  of  10  watts.  We  want  to 

be  able  to  compete  in  terms  of  Range,  with  a  25  watts  FM  radio.  SSB 
provides  a  CNR/SNR  gain  (below  the  FM  threshold)  over  FM. 

K.S.  KHO 

1  -  What  will  be  the  size  of  the  prototype  terminal  ? 

2  -  RF  noise  resistance.  Do  you  consider  the  very  bad  C/N  ratio  in  military 

environments  ? 

3  -  To  what  kind  of  extend  classification  is  possible  with  analog  scrambling 

method  ? 

4  -  Do  you  use  speech  pauses  for  transmitting  the  information  (  management  ) 

data  ? 

AUTHOR'S  REPLY 

1  -  The  first  prototypes  will  fit  in  a  19  by  4  inches  rack.  But  this  size 

would  be  reduced  a  lot  if  the  radio  were  commercialized.  Almost  all  the 
processing  is  done  digitally,  and  a  small  board  with  the  TMS320C25  with 
A/D,  D/A,  and  memory  is  used.  Presently,  the  up  and  down  conversions  are 
the  ones  that  require  a  lot  of  room  because  we  have  used  a  number  of 
independently  boxed  50  Ohms  terminated  devices.  When  this  is  put  on  PC 
boards,  the  room  used  will  decrease  significantly. 

2  -  Yes,  tests  were  made  with  various  level  of  white  Gaussian  noise,  and 

our  technique  showed  very  strong  resistance  to  it.  Voice  with  the  average 
speech  power  for  example  only  lOdB  above  the  average  noise  power  is  still 
very  good.  Also,  the  data  is  protected  in  2  ways  : 


DISCUSSION 


a)  With  error  detection  and  correction  ,  ve  now  plan  to  use  the  extended 
(24,  12)  Golay  code  which  corrects  3  errors  in  24  bits  and  detect 
the  4th  one.  But  more  sophisticated  coding  scheme  could  also  be  used 
later. 

b)  The  data  is  transmitted  at  the  rated  peak  envelope  power  level. 
Therefore,  if  the  receiver  can  not  detect  the  data  because  the  received 
signal  is  too  weak,  it  will  not  be  able  to  demodulate  the  voice  either, 
since  the  voice  components  are  generally  lower.  In  this  case,  we 
simply  disable  (silence)  the  audio  output  to  avoid  disturbing  noise 
burst. 

There  has  been  in  the  past  questions  about  the  level  of  security  that 
can  be  achieved  with  an  analog  scheme.  We  believe  that  for  our  technique, 
it  is  very  high,  because,  contrary  to  the  traditional  analog  schemes, 
we  work  in  the  frequency  domain  and  not  in  the  time  domain.  In  fact,  our 
design,  as  well  as  the  speech  reduction  technique  were  done  and  chosen 
keeping  encryption  in  mind.  Techniques  used  for  data  encryption  can  be 
used  the  same  way  with  our  technique.  But  tests  will  be  done  to  try  to 
determine  the  exact  level  of  encryption  that  can  be  obtained.  We  will 
be  able  to  answer  better  this  question  after  these  tests  are  completed. 

The  possibility  of  using  speech  silences  to  transmit  some  overhead  data 
has  been  looked  at,  and  it  might  be  part  of  future  development,  but  for 
the  moment  we  have  to  limit  ourselves  to  the  proof-of-concept  prototypes- 
There  are  a  few  problems  though  with  this  method  :  you  need  very  long 
processing  delays  (in  the  order  of  up  to  a  few  seconds)  to  take  full 
advantage  of  the  silences.  Also  you  have  more  problems  when  dealing  with 
(continuous)  background  noise. 
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1  SUMMARY 

Conventional  HF  systems  rely  on  a  combination  of  human  operators  and  off-line 
propagation  prediction  programs  to  determine  an  optimum  operating  frequency  in  what  is  a 
time-varying  medium.  Both  these  methods  suffer  drawbacks  in  that  the  rapidly  varying 
nature  of  many  HF  paths  leads  to  greatly  reduced  performance,  since  the  system  is  unable 
to  respond  to  the  changing  state  of  the  medium. 

An  automatic  HF  system  is  described  which  is  intended  to  overcome  many  of  the 
drawbacks  associated  with  conventional  methods  of  control.  By  utilising  cheap, 
amateur-grade  equipment  coupled  with  simple  antenna  systems,  the  system  is  able  to  carry 
data  on  one  channel  whilst  assessing  the  usability  of  other  channels  assigned  to  that 
particular  system.  Measurements  taken  on  alternative  channels  (probing  channels)  are 
compared  with  those  of  the  current  channel.  The  best  channel  currently  available  at 
each  end  of  the  link  is  then  relayed  to  the  other  end  by  means  of  a  robust  data  header 
on  the  user  data  channel.  Thus  each  end  of  the  link  will  always  be  transmitting  on  the 
optimum  channel. 

In  order  to  assess  the  usability  of  the  channel,  some  means  of  real-time  channel 
evaluation  (RTCE)  is  needed,  both  on  the  user's  data  and  probing  channels.  This  paper 
discusses  the  overall  architecture  of  the  automatic  HF  system,  and  details  the  methods 
of  channel  assessment  performed.  A  description  of  a  variable-redundancy  coding  scheme 
utilised  by  the  system  is  also  given,  since  this  enables  the  system  to  optimise  the  data 
throughput.  Finally,  performance  of  various  aspects  of  the  system  over  an  HF  path  are 
given. 


2  INTRODUCTION 

Due  to  the  time-varying  nature  of  the  HF  medium,  a  system  which  is  to  form  part  of  a 
practical  communications  link  must  be  able  to  adapt  to  it's  environment  if  maximum 
throughput  for  the  system  is  to  be  achieved.  Current  methods  of  control  may  involve  a 
combination  of  the  two  techniques  listed  below: 

i)  Use  of  human  operators  to  judge  the  optimum  way  in  which  to  utilise  the 
communications  equipment  at  any  one  time. 

ii)  Use  of  off-line  propagation  procedures  to  set  an  optimum  working  frequency 
(OWF)  on  which  communications  should  take  place. 

However,  both  of  the  above  techniques  suffer  drawbacks  which  may  render  them 
inefficient  under  widely  varying  conditions.  Use  of  human  operators  provides  a 
satisfactory  means  of  control  when  the  state  of  the  communications  path  is  fairly  well 
characterised,  but  under  conditions  of  rapid,  deep  fading  and  heavy  interference,  the 
human  operator  may  not  be  able  to  adapt  the  system  sufficiently  quickly  to  guarantee 
that  optimum  use  is  being  made  of  the  resources  available  to  him/her. 

Use  of  propagation  analysis  procedures  may  ease  the  above  situation  slightly,  in 
that  the  user  is  given  upper  and  lower  frequency  limits  outside  which  communications  has 
been  predicted  to  be  unreliable.  However,  such  propagation  predictions  are  based  on 
mathematical  models  which  aim  to  characterise  the  modes  of  propagation  on  a  monthly 
median  basis.  Hence  day-to-day  variations  by  up  to  50>  from  these  figures  may  be  found, 
thus  limiting  their  usefulness.  Also,  such  predictions  are  unable  to  predict  such 
effects  as  localised  interference,  auroral  blackouts,  SID's  and  sporadic  E,  all  of  which 
have  a  major  bearing  on  the  quality  of  communications  achieved. 

A  system  which  is  able  to  automatically  vary  it's  working  frequency  and 
error-control  coding  scheme  in  response  to  varying  conditions  will  now  be  described. 


3  AN  AUTOMATIC  SYSTEM  CONCEPT 

The  system  was  designed  to  meet  certain  criteria,  these  being: 

i)  Use  of  simple  antennas  in  conjunction  with  antenna  tuning  units,  thus  allowing 

the  system  to  be  used  with  non-resonant  mobile  antennas,  and  not  relying  on  large 
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broadband  arrays  for  successful  operation. 

ii)  Use  of  transmitter/receiver  units  of  cheap  amateur  grade.  This  enabled  j 

workable  system  to  be  built  at  minimum  cost  by  utilising  ’off-the-shelf'  units. 

iii)  Criterion  (ii)  above  implies  that  the  emitted  power  is  at  a  minimum,  thus 
reducing  interference  both  to  other  spectrum  users,  and  any  co-sited  radio  terminals. 

iv)  Use  of  cheap  processing  power  to  control  the  overall  system. 

A  block  diagram  -'r  the  Sj-^em  is  shown  in  Figure  1.  It  comprises  two  transceivers, 
both  of  which  are  capable  of  being  controlled  by  the  8085  control  system.  The  basis  of 
the  system  operation  is  that  one  of  the  transceivers  carries  the  user's  data  with  a 
certain  degree  of  redundancy,  on  a  channel  that  is  determined  to  be  optimum.  The  second 
transceiver  performs  alternative  channel  assessment.  The  results  of  this  assessment 
enable  the  control  system  to  determine  the  optimum  channel/coding  scheme  to  use  for  the 
user's  data.  The  second  8085  system  is  dedicated  to  performing  error-control 
coding/decoding  on  the  user's  data. 

In  order  that  both  ends  of  the  communications  path  are  operating  on  the  correct 
channel  and  with  the  optimum  coding  scheme,  control  data  is  appended  on  to  each  block  of 
user  data  transmitted,  as  shown  in  Figure  2.  This  control  data,  known  as  the  'header', 
serves  several  purposes: 

i)  Bit  reversals  allow  the  receiver  AGC  to  settle  and  also  enable  the 
error-control  coding  software  to  gain  clock  synchronisation. 

ii)  Use  of  a  concatenated  Barker  (7,11)  sequence  enables  the  decoder  to  derive 
frame  synchronisation  [Barker,  1953).  It  is  also  analysed  further  to  enable  the 
channels  usability  to  be  determined,  as  will  be  described  in  Section  9.1.1.  For  details 
of  the  system  see  [Hague,  1987]  and  [Hague,  Jowett  S  Darnell,  1988]. 

The  next  two  codewords  are  to  inform  the  control  software  on  which  channel  to 
transmit  the  next  block  of  user  data  and  with  which  coding  scheme.  The  format  of  these 
control  words  is  chosen  to  reduce  the  probability  of  false  decoding  occurring  [Hague, 
1987]. 


9  CHANNEL  ASSESSMENT 

In  order  that  the  optimum  channel/coding  scheme  is  chosen,  some  means  of  channel 
evaluation  must  be  applied.  For  the  alternative,  or  probing  channel,  this  evaluation  is 
continually  being  performed  on  each  of  the  other  channels  in  turn.  For  the  current 
channel,  assessment  may  take  place  at  different  stages  throughout  the  data  block.  The 
method  of  channel  assessment  for  each  of  the  above  two  cases  will  now  be  described. 


9.1  Current  Channel  Assessment 

The  way  in  which  the  current  channel  may  be  assessed  are  as  follows: 

i)  Observing  the  correlation  height  of  the  sequence  used  for  the  decoder's  frame 
synchronisation. 

ii)  Using  the  apparent  error-rate  derived  from  the  decoder  software. 

iii)  Deriving  the  channel  s ignal-to-noise  ratio  from  the  modem. 

The  above  methods  will  now  be  described  in  more  detail. 


9.1.1  Correlation  Height  of  the  Synchronisation  Sequence 

The  sequence  used  to  enable  the  decoder  software  to  derive  frame-synchronisation  is 
the  concatenated  Barker  ( 7 » 1  1 )  sequence.  This  sequence  was  chosen  because  of  its  high 
immunity  to  false  synchronisation  under  high  error  rates.  A  plot  of  its  autocorrelation 
is  shown  in  Figure  3.  This  illustrates  that  the  expected  maximum  for  the 
autocorrelation  value  is  77,  obtained  at  zero  shift.  However,  as  errors  are  introduced 
into  the  sequence,  this  height  decreases  by  2  for  every  error  added.  This  phenomenon 
may  be  explained  by  the  equation: 

h  =  mn( 1  -  p)  (9.1) 

where,  h  is  the  peak  correlation  height,  m  and  n  are  the  lengths  of  the  two  sequences 
used  in  the  concatenation  (7  and  11  in  this  case),  and  p  is  the  probability  of  a  bit 
error  occurring. 

Thus  for  a  concatenated  Barker  (7,11)  sequence,  being  used  over  a  Gaussian  white 
channel,  this  aquation  becomes: 


h  =  77.1  -  2  exp  C-Eb/2N0] ) 


(9.2) 
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where  £5  is  the  signal  energy  per  bit,  and  H0  is  the  noise  power  spectral  density. 

It  can  now  be  seen  that  by  observing  the  height  of  the  synchronisation  sequence 
matched  filter  peak  output,  then  a  measure  of  the  channel's  signal-to-noise  ratio  nay  be 
determined.  Ideally,  this  figure  is  taken  as  an  average  for  the  channel  over 
approximately  5  samples.  This  is  due  to  the  fact  that  during  periods  of  high  noise,  the 
spread  of  the  samples  tends  to  be  large,  and  analysis  of  the  channel  using  just  one 
synchronisation  sequence  may  be  misleading.  Figure  4  illustrates  this  point  by  showing 
the  results  of  laboratory  trials  obtained  using  a  Gaussian  white  noise  source  as  the 
only  means  of  corrupting  the  sequence  (the  sequence  was  transmitted  at  75 
bits-per-second  in  a  3  kHz  channel). 

However,  due  to  time  constraints,  it  is  impractical  for  the  user's  data  channel 
assessment  to  be  based  on  an  average  number  of  samples.  Thus  it  is  necessary  to  employ 
other  methods  of  channel  evaluation  in  conjunction  with  the  synchronisation  height  in 
order  to  achieve  a  more  reliable  figure  of  assessment. 


4.1.2  Error-rate  Measurement  Using  the  Decoder 

The  coding  scheme  used  by  the  system  employs  variable  redundancy  to  optimise 
throughput;  this  will  be  explained  further  in  Section  5.  The  decoder  software  operates 
by  utilising  matrix  techniques  to  detect  and  correct  errors  in  the  codewords  -  see 
Appendix  A  for  further  details  on  matrix  coding/decoding  of  data.  Since  matrices  are 
used,  it  is  a  simple  matter  to  determine  the  most  likely  error-pattern  added  to  a 
corrupted  codeword.  This  is  because  the  matrix  operations  involved  in  the  detection  and 
correction  of  errors  produce  a  codeword  which  is  calculated  to  be  the  most  likely 
error-pattern  to  have  been  added  to  the  user's  data  codeword.  Thus  by  observing  the 
error-patterns  produced,  a  measure  of  the  error-rate  present  on  the  channel  may  be 
determined . 

However,  under  very  high  error-rates,  a  false  indication  of  the  number  of  errors 
present  may  be  given,  as  the  decoder  may  be  attempting  to  detect  errors  above  its 
capability.  Thus  again,  this  type  of  measurement  should  be  used  in  conjunction  with 
other  forms  of  RTCE  available. 


4.1.3  Signal-to-Noise  Ratio  Using  the  Modem 

A  detailed  description  of  the  modem  use 
refer  to  [Hague,  1987]. 


d  will  not  be  given  here;  for  further  details 


diagram  for  the  detector  stages  of  a  two-tone  FSK  demodulator  is 
The  output  at  points  A  and  B  may  be  used  to  derive  the 
for  each  sub-channel  within  the  receiver  bandwidth. 


A  typical  circuit 
given  in  Figure  5. 
signal-to-noise  ratio 


Considering  only 
represents  the  noise 
output  represents  the 
signal-to-noise  ratio 


point  A  at  present: 
level,  Na  for  that 
(signal+noise)  level 
may  be  calculated  by: 


during  interval  1  , 
sub-channel.  Also, 

,  (Sa  +  Na )  for  that 


the  output  at  point  A 
during  interval  2,  the 
sub-channel.  Thus  the 


Sa  level  at  interval  2  -  level  at  interval  1 


Na  level  at  interval  1 


(4.3) 


( Sa  +  Na )  -  Na 

Na 


(4.4) 


Similar  equations  may  be  applied  to  point  B,  and  thus  the  signal-to-noise  ratio  of 
sub-channel  B  may  also  be  derived. 


As  stated  in  Section  4.1.1,  use  of  the  synchronisation  sequence  correlation  height 
alone  is  not  reliable  enough  to  provide  an  accurate  means  of  channel  evaluation.  This 
method  of  evaluation  provides  the  control  system  with  an  estimated  S/N  ratio  for  the 
channel.  This  figure  may  be  used  to  predict  an  error-rate  for  the  encoded  data  blocks 
which  follow  the  synchronisation  sequence.  This  may  therefore  be  used  in  conjunction 
with  the  estimated  error-rate  ,  as  measured  by  the  decoder  software,  to  reinforce  the 
assessment  figure. 


Both  of  these  methods  may  be  further  reinforced  by  comparing  their  calculated  S/N 
ratio,  with  the  S/N  ratio  as  calculated  using  measurements  taken  from  the  modem  output. 
The  most  easily  derived  means  of  RTCE  are  those  using  the  synchronisation  sequence  and 
the  decoder  software,  since  they  produce  these  figures  during  normal  system  operation. 
Therefore  calculation  of  the  S/N  ratio  using  the  modem  should  only  be  performed  if  there 
is  a  discrepancy  between  the  other  two  channel  evaluation  figures. 


4.2  Probing  Channel  Assessment 


Two  of  the  above  methods  may  also  be  applied  to  enable  alternative  channel 
assessment  to  be  performed;  these  are  the  synchronisation  height,  and  modem  output 
levels.  However,  the  probing  sequence  does  not  contain  any  encoded  data,  and  thus  the 
error-control  coding  scheme  will  not  be  operational  on  this  data. 


In  Section  4.1.1,  it  was  stated  that  in  order  to  gain  a  more  realistic  figure  for 
the  error-rate  by  using  the  synchronisation  height,  then  it  would  be  necessary  for  an 
average  over  several  sequences  to  be  taken.  Ey  analysing  the  results  of  several  tests 
carried  out  under  laboratory  conditions  (  3  kHz  channel  with  additive  Gaussian  white 
noise),  it  was  found  that  an  ideal  figure  over  which  to  average  was  5  sequences.  This 
was  because  a  smaller  figure  than  this  would  gave  a  channel  estimate  that  could 
fluctuate  widely  under  high  error-rates,  and  a  larger  figure  than  this  may  not  give  a 
quick  indication  if  the  error-rate  suddenly  decreases  -  i.e.  the  average  is  too  heavily 
influenced  by  it’s  past  history.  These  deficiencies  would  be  more  noticable  under 
deep-fading  conditions. 


The  results  of  the  trials  over 
that  the  measured  figure  for  each 
distinct  bands. 


5  sequences  are  shown  in  Figure 
level  of  signal-to-noise  ratio 


6,  and  it  can  be  seen 
falls  into  reasonably 


Probing  channel  assessment 
derived  by  the  method  given  in 


may  be  reinforced 
Section  4.1.3. 


by  using  a  signal-to-noise  ratio  figure 


5  VARIABLE- REDUNDANCY  CODING  SCHEME 

It  was  decided  to  use  a  variable-redundancy  coding  scheme  to  encode  the  user's  data. 
It  has  been  shown  [Hellen,  19853  and  [Goodman  A  Farrell,  19753  that  the  use  of  a 
variable-redundancy  coding  scheme  is  beneficial  when  the  medium’s  capacity  is  likely  to 
vary  with  time.  Figure  7  shows  the  performance  of  3  error-correcting  coding  schemes  at 
increasing  error-rates.  At  ze^o  and  very-low  error  rates,  the  use  of  no  redundancy  is 
optimum  since  adding  redundancy  serves  no  useful  purpose  except  to  reduce  the  overall 
throughput.  A  similar  condition  occurs  at  very-high  error-rates:  the  error-rate  is  too 
high  to  be  corrected  successfully  by  even  the  most  redundant  coding  scheme,  and  thus 
again  serves  no  useful  pu-pose  except  to  reduce  the  overall  throughput.  Between  these 
two  extremes  exist  several  points  where  the  same  conditions  apply  for  medium-redundancy 
coding  schemes.  Thus  the  optimum  coding  scheme  at  any  one  time  may  be  found  by  using 
that  marked  by  the  bold  line  in  Figure  7. 


A  coding  scheme  which  attempts  to  meet  these  conditions  is  to  employed  in  the 
automatic  HF  system.  Three,  or  more  levels  of  redundancy,  including  no  redundancy,  may 
be  employed  at  each  end  of  the  link  to  suit  prevailing  conditions.  Analysis  of  the 
channel  conditions  using  the  methods  detailed  in  Section  4  enable  the  system  to 
determine  the  most  suitable  coding  scheme  to  employ.  Information  regarding  the  coding 
scheme  to  be  used  by  the  other  end  of  the  link  is  passed  in  a  robust  format  in  the  data 
header  on  the  user's  data  channel,  along  with  the  optimum  channel  number.  Selection  of 
different  levels  of  redundancy  is  accomplished  by  changing  the  generator  matrix  in  the 
encoder,  and  the  parity-check  matrix  in  the  decoder  (see  Appendix  A). 


6  SYSTEM  INITIALISATION 

When  the  system  is  to  be  used  after  a  long  period  of  radi o-s ilence,  it  is  necessary 
for  both  ends  of  the  link  to  find  a  usable  cnannel  on  which  to  commence  communications. 
After  this  initialisation  period,  the  system  may  then  operate  as  normal.  It  is  assumed 
that  one  end  of  the  link  will  assume  the  role  of  'master'  station  to  allieviate  the  need 
for  channel  contention  problems,  and  also  to  allow  for  the  provision  of  a  network  of 
systems.  Also,  a  real-time  clock  is  provided  at  each  end  of  the  link  to  allow  for 
synchronous  operation.  Two  methods  by  which  this  initialisation  may  be  performed  are 
now  detailed. 


6.1  Scanning  All  Channels 

One  method  by  which  this  initialisation  may  be  performed  is  to  scan  all  the 
available  channels  in  turn.  Information  regarding  the  quality  of  the  channel  in  each 
direction  is  passed  between  each  end  of  the  link.  Once  all  the  channels  have  been 
evaluated,  then  communication  commences  on  the  optimum  channel  for  each  direction.  Each 
scan  takes  15  seconds,  and  therefore  up  to  16  channels  may  be  evaluated  every  4  minutes. 
Figure  8  details  the  format  of  such  a  scanning  operation. 

Transmission  between  master  and  slave  takes  the  form  of  3  robust  sequences  (the 
Barker  13-bit  sequence,  for  example).  These  sequences  are  encoded  by  inverting  all  the 
bits  to  represent  a  0,  or  leaving  the  sequence  unaltered  to  represent  a  1.  At  the 
receiving  site,  these  sequences  are  passed  into  a  matched  filter,  which  produces  a 
positive  peak  when  the  uninverted  sequence  has  been  received.  In  this  manner  up  to  8 
levels  of  information  may  be  passed  between  sites  regarding  the  usability  of  the 
channel.  The  operation  of  this  protocol  is  as  follows: 


i) 


The  processor  waits  for  3  seconds  to  enable  the  automatic  antenna  tuning  unit 
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to  oaten  the  antenna  to  the  channel  being  used. 

ii)  The  processor  then  waits  for  a  further  1  second  to  allow  for  any  tine 
discrepancies  between  the  aaster  and  slave  systens. 

iii)  Three  sequences  are  then  transmitted  at  75  baud  to  the  slave  station.  These 
sequences  need  not  carry  any  information. 

iv)  At  the  slave  site,  the  processor  is  in  the  'listen'  phase,  and  inputs  data  at 
four  tines  the  bit-rate  into  a  matched  filter  which  has  been  'stretched'  by  a  factor  of 
four  in  order  to  allow  for  the  oversanpling.  Oversampling  is  necessary  to  alleviate  the 
need  for  a  clock-synchronisation  section  within  the  data  stream,  which  oay  alter  the 
correlation  characteristics  of  the  robust  sequences  being  received. 

v)  Analysis  is  performed  on  the  incoming  data,  to  give  tne  channel  a  figure  of 
merit  (see  Section  4.2).  This  figure  of  merit  is  then  scaled  to  give  a  level  of  between 
0  and  7. 

vi)  During  the  'transmit'  phase  at  the  slave  site,  the  3  sequences  are  encoded  to 
give  the  figure  of  merit  calculated  during  the  'listen'  phase. 

vii)  The  aaster  site  receives  these  sequences,  and  compiles  a  table  indicating  the 
ranking  order  of  the  channels  scanned. 

viii)  This  process  is  repeated  until  all  the  channels  have  been  scanned.  The  system 
is  then  able  to  commence  data  transfer  between  aaster  and  slave  sites  on  the  best 
channel(s)  found. 

The  main  disadvantage  of  this  method  is  that  all  of  the  available  channels  are 
scanned  prior  to  the  normal  operation  of  the  communications  link.  Thus  when  a  large 
number  of  channels  are  available,  the  scanning  time  becomes  appreciable  and  may  require 
the  use  of  off-line  propagation  predictions  tc  set  the  lower  and  upper  frequencey  limits 
in  which  to  scan.  However,  the  advantage  of  using  this  method  is  that  it  has  a 
fall-back  channel  in  case  the  initial  channel  becomes  unavailable. 

An  alternative  method  of  system  initialisation  will  now  be  discussed. 


6.2  Initialisation  On  the  First  Available  Channel. 

This  method  operates  by  utilising  the  first  available  channels  in  each  direction  on 
which  to  commence  normal  data  transfer.  The  format  used  is  shown  in  Figure  9.  It  is 
similar  to  the  previously  described  format,  however  the  'transmit'  phase  uses  4  instead 
of  3  sequences.  The  use  of  4  sequences  enables  up  to  16  levels  of  information  to  be 
conveyed.  Tne  sequences  are  used  to  indicate  whether  propagation  between  master  and 
slave  sites  exists  on  the  channel  being  scanned.  The  scanning  time  per  channel  is 
identical  to  that  taken  for  the  other  protocol.  The  flow  of  operation  using  this 
protocol  is  depicted  in  Figure  10,  and  is  now  described. 

i)  Initially  both  the  transmitter  and  receiver  channels  at  both  sites  are  set  to 
channel  1 . 

ii)  The  master  station  sends  out  'null'  channel  information  to  the  slave  during  its 
'transmit'  phase.  This  represents  a  call  set-up  message  to  the  slave. 

iii)  The  slave  site  attempts  to  analyse  any  incoming  data  in  a  similar  fashion  to 
that  described  in  Section  4.2.  Assume  for  this  example  that  the  slave  does  not  obtain  a 
satisfactory  result, 

iv)  As  the  call  has  not  been  received,  the  slave  does  not  respond  to  the  master 

during  its  'transmit'  phase. 

v)  The  channel  for  both  transmitter  and  receiver  at  both  sites  is  incremented,  and 
the  master  station  calls  the  sla.e  station  once  more  on  the  new  channel. 

v)  Assume  that  the  slave  station  evaluates  this  channel  and  finds  it  to  be 

satisfactory,  based  on  the  results  obtained  during  its  'listen'  phase.  It  now  responds 
to  the  master  by  transmitting  back  'channel  2'  as  a  means  of  confirmation.  The  slave 
receiver  now  stays  on  channel  2  until  it  receives  a  confirmation  of  its  response  from 
the  master. 

vi)  The  master  now  increments  its  transmitter  and  receiver  channels  (likewise  for 

the  slave  station's  transmitter).  If  the  master  has  not  received  the  response  from  the 
slave,  it  continues  to  transmit  a  'null'  channel. 

vii)  During  the  master  station's  'listen'  phase,  it  detects  the  slave  station 

transmitting  'channel  2'.  The  master  station  will  now  transmit  its  next  block  on 
channel  2.  It  must  also  inform  the  slave  station  on  which  channel  it  heard  the  slave’s 
response.  This  is  achieved  by  transmitting  'channel  3'  (in  the  example  shown)  instead 
of  the  'null'  channel  during  it's  'transmit'  phase. 

Once  the  slave  station  has  received  this  acknowledgement,  then  the  system  may  begin 
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to  operate  in  it's  nornal  data  transfer  mode,  since  both  sites  will  now  know  on  which 
channel(s)  satisfactory  communications  are  possible. 

The  main  disadvantage  of  this  method  is  that  neither  site  has  a  fall-ba^k  channel  in 
case  the.  initial  channel  becomes  unavailable.  However,  since  nornal  system  operation 
will  commence  after  the  initialisation  phase,  this  is  not  considered  to  be  a  problem, 
since  during  nornal  operation  evaluation  of  alternative  channels  takes  place. 


7  Concluding  Remarks 

This  paper  has  discussed  methods  of  real-time  channel  evaluation  to  be  employed  in  a 
previously  described  automatic  Hr  system.  The  emphasis  on  the  overall  system  has  been 
to  provide  a  simple  and  cheap  means  of  utilising  the  HF  spectrum,  to  provide  a 
relatively  reliable  means  of  data  transfer  betwween  two  sites.  Protocols  to  enable 
system  initialisation  have  been  discussed,  and  these  reflect  the  non-optimum  nature  of 
the  system  configuration,  i.e.  simple  antennas,  a  limited  channel  allocation  and  low 
radiated  powers.  Utilising  these  protocols  would  enable  such  a  system  to  be  used  in  a 
variety  of  situations. 

Testing  of  the  protocols  described  is  to  take  place  in  the  near  future  and  it  is 
hoped  to  detail  results  of  these  trials  at  the  meeting. 


APPENDIX  A 

1.1  Error  Control  Coding  Using  Matrices 

In  order  to  fully  understand  the  principle  of  error-control  coding  using  matrices,  a 
description  of  the  process  usi.ig  the  code's  polynomial  will  be  given. 

For  any  given  error-control  coding  scheme,  there  exists  a  polynomial  g(x),  known  as 
the  generator  polynomial.  In  order  to  produce  a  codeword,  c(x)  of  an  (n,k)  cyclic  code 
from  a  message  word,  m(x>  it  is  necessary  to  evaluate  the  following  equation: 

c(x)  =  x*n-k).m(x)  ,  pvx)  ( A . 1  ) 

The  above  describes  the  cc ncatenation  of  the  original  message  shifted  up  by  (n-k) 
places,  and  the  parity  bits.  ihe  parity  bits  are  formed  by: 

p ( x )  =  rera  [  x(n-k).m(x)  /  g(x)  3  (A. 2) 

where  rem  is  the  remainder  resulting  from  the  division. 

The  first  bit  output  to  the  channel  is  the  most-significant  bit  of  the  message. 

Upon  reception  at  the  decoder,  a  similar  operation  takes  place  in  order  to  form  the 
syndrome,  s(x). 

s(x)  =  rem  [  c(x)  /  g(x)  3  (A. 3) 

It  can  easily  be  seen  by  examining  A. 2  and  A. 3  that  if  the  codeword  is  received 
error-free,  then  the  syndrome,  s(x)  is  evaluated  to  be  zero.  In  cases  when  the  syndrome 
is  found  to  be  non-zero,  then  a  detectable  error-pattern  has  been  added  to  the  codeword, 
and  the  syndrome  may  be  used  to  find  the  most  likely  error-pattern  added;  this  may  then 
be  used  to  correct  the  erroneous  word.  However,  if  the  error-pattern  is  of  a  greater 
weight  than  the  error-control  code  can  detect,  then  the  syndrome  may  also  be  evaluated 
to  be  zero,  implying  to  the  decoder  that  an  error-free  codeword  has  been  received, 
resulting  in  an  error  to  the  user. 


A  similar  principle  applies  to  error-control  coding  using  matrices.  For  a  given 
code,  there  exists  an  (n,k)  matrix,  G  which  descibes  the  generator  polynomial.  This 
matrix  is  formed  as: 

G.  =  C  I  P  3  ( A  .  U  ) 

where,  I  is  the  k  bit  identity  matrix,  and  P  is  the  parity  matrix  for  the  code.  The 
matrix  may  be  generated  using  several  methods.  One  method  is  to  apply  each  identity 
matrix  word  to  the  generator  polynomial  and  use  the  reults  to  form  the  matrix.  Another 
method  is  to  generate  a  subset  of  the  total  number  of  matrix  elements  and  produce  the 
others  by  shifting  and  adding  these  elements. 

The  codeword,  C  which  exists  for  a  message,  M  may  be  formed  by  the  matrix 
mu liplication: 

C  =  M  G  (A. 5) 


At  the  decoder  the  syndrome,  S  is  again  calculated  by  another  matrix  operation: 
S:  SHt  (A. 6) 
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where,  R  is  the  received  codeword,  and  HT  is  the  parity-check  matrix  transposed: 

H  =  C  PT  I  ]  (A. 7) 

The  syndrome  is  used,  as  in  the  polynomial  method  to  correct  errors  occurring  during 
transmission  over  a  noisy  channel.  Since  an  error-pattern  is  calculated  with  which  to 
correct  erroneous  words,  then  the  decoder  can  inform  the  user  of  the  average  bits  in 
error  per  codeword.  Matrix  operations  have  been  used  for  the  implementation  of  the 
coding  system  since  is  is  relatively  straight  forward  to  perform  in  software.  Also  a 
change  in  the  coding  scheme  only  requires  a  change  in  the  generator  matrix. 
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Block  diagram  of  automatic  HF  system 
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Figure  7  Use  of  variable-redundancy  coding  to  optimise  throughput 
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Figure  8  A  protocol  for  automatic  call  set-up 
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Figure  9  An  alternative  protocol  for  automatic  call  set-up 
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Figure  10  Flow  of  operations  for  an  automatic  call  set-up  protocol 
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DISCUSSION 


C.  GOUTELARD 

Ma  question  comprend  2  parties  : 

1  -  Dans  votre  figure  7  les  axes  ne  sont  pas  graduds.  Pourriez-vous  prdciser 

les  points  d 1 intersection  des  courbes  et  comment  vous  faites  vos  choix. 

2  -  Dans  les  planches  qui  montrent  la  diminution  de  la  valeur  maximum  de  la 

fonction  d 'autocorrelation  vous  ne  tenez  pas  compte  des  trajets  multiples 
qui  existent  la  plupart  du  temps  dans  le  canal  HF.  Dans  ce  cas  l'altdration 
de  la  fonction  de  correlation  est  importante  et  vous  n'avez  pas  toujours 
une  ddcroissance  monotone  de  la  courbe  de  probabilite  d'erreur. 

AUTHOR'S  REPLY 

1  -  Figure  7  is  meant  to  show  the  technique  of  variable-redundancy  coding 

and  therefore  the  exact  points  of  intersection  and  the  labelling  of  the 
axes  are  not  indicated. 

2  -  Concerning  the  use  of  the  autocorrelation  height  as  a  method  of  RTCE, 

multipath  components  may  not  be  derived  using  the  described  method,  since 
the  baud  rate  is  75  bits  per  second,  which  would  only  allow  a  resolution 
of  ~  13ms.  This  is  not  compatible  with  multipath  delays  on  HF  of  2-4ms. 

K.S.  KHO 

The  various  coding  scheme  in  figure  7  is  a  dynamic  scheme,  I  expect. 

Could  you  give  some  more  detailed  information  about  the  coding  synchronization 
procedures  ? 

AUTHOR'S  REPLY 

The  coding  system  incorporated  within  the  overall  system  design  is  dynamic  in 
nature.  Selection  of  a  particular  degree  of  redundancy  is  made  by  analysing 
RTCE  data  both  on  current  and  alternative  channels. 

Coding  synchronisation  is  in  the  form  of  a  Barker  concatenated  (7.11)  sequence. 
Both  ends  of  a  link  are  informed  of  the  coding  scheme  in  use  by  means  of  a 
robust  data  header  (see  "Effects  of  Electromagnetic  Noise  and  Interference 
in  performance  of  military  Radio  Communication  Systems"  -  AGARD  CPP  420, 

Lisbon  1987). 
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SUMMARY 

This  paper  describes  an  experimental  high  frequency  (HF)  modem  which  uses  chirp  signals 
swept  across  a  voice  channel  bandwidth.  The  modem  is  able  to  adaptively  excise 
interference  from  other  HF  users,  and  has  inherent  tolerance  to  frequency  selective 
fading  and  additive  white  Gaussian  noise.  A  number  of  experimental  chirp  signal  formats 
have  been  incorporated  so  as  to  achieve  data  transmission  at  rates  of  75,  150,  300  and 
600  bits  per  second,  and  error  correction  via  interleaved  Golay  (23,12,3)  code  is 
included.  The  paper  outlines  the  principles  behind  the  experimental  formats,  and 
indicates  how  they  performed  during  156  hours  of  tests  over  a  125km  HF  sky-wave  link. 


1  INTRODUCTION 

Reliable  digital  communication  in  the  HF  environment  requires  a  modem  with  tolerance  to 
frequency  selective  fading,  atmospheric  noise,  and  interference  from  other  users.  One 
approach  is  to  employ  wideband  signals  to  convey  the  data. 

Wideband  signals  have  an  advantage  over  narrowband  signals  in  frequency  selective 
fading,  but  are  more  likely  to  encounter  interference  within  their  wider  bandwidths. 
Figure  1  illustrates  a  demodulator  which  is  able  to  identify  and  remove  such 
interference  by  adaptive  filtering  of  the  received  signal.  The  adaptive  filter  is 
essentially  a  bandpass  filter  which  can  be  configured  to  selectively  reject  parts  of  the 
signal  spectrum.  An  interference  assessor  continuously  monitors  the  signal  level  across 
the  bandwidth,  and  should  the  interference  level  in  any  region  rise  above  a  given 
threshold,  the  adaptive  filter  is  reconfigured  to  reject  all  frequency  components  lying 
in  that  region.  Although  useful  signal  components  are  also  lost,  the  elimination  of 
large  interferers  from  the  data  decision  process  is  advantageous.  The  process  is 
demonstrated  by  figure  2,  where  notches  are  inserted  into  the  passband  of  the  adaptive 
filter  in  areas  where  interference  is  severe. 

The  experimental  modem  to  be  described  applies  adaptive  filtering.  Data  are  conveyed  by 
chirp  signals  which  sweep  linearly  over  a  2.7kHz  bandwidth.  This  frequency  sweep 
corresponds  to  a  voice  channel  bandwidth,  and  hence  the  signals  are  compatible  with 
existing  voice  communications  equipment.  The  aim  of  the  work  has  been  to  investigate 
ways  of  achieving  medium  data  rates  -  up  to  600  bits  per  second  (bps)  -  using  serially 
transmitted  chirp  signals. 


2  BACKGROUND 

2.1  The  chirp  signal 

Detailed  analyses  of  chirp  and  related  signals  have  been  published  previously  (1). 
Briefly,  a  chirp  signal  existing  in  the  period  -T/2<t<T/2  can  be  defined  by 

f(t)  =  cos(oj0t+ 7TFt2/T) 

where  W0=  centre  radian  frequency  (rads/s) 

F  =  frequency  sweep  (Hz) 

T  =  chirp  duration  (s) 

An  important  parameter  of  the  chirp  signal,  affecting  a  number  of  its  properties,  is  its 
FT  product  -  otherwise  known  as  its  dispersion  factor. 

In  particular,  if  FT>>1, 

(i)  Nearly  all  the  signal  energy  lies  within  the  bounds  of  the  frequency  sweep,  and  it 
is  distributed  uniformly  within  that  region.  Figure  3  illustrates  a  chirp  signal  and 
its  approximate  spectrum. 

(ii)  Chirp  signals  which  ascend  in  frequency  are  approximately  orthogonal  to  chirp 
signals  which  descend  in  frequency. 
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If  a  chirp  signal  is  passed  through  a  unity  gain  matched  filter  (i.e.  a  filter  whose 
impulse  response  is  proportional  to  the  time  reverse  of  the  signal),  then  the  output  is 
given  approximately  by 


g(t)  =  VFT(sin(  7T  Ft)/ 7TFt)cos(U0t) 

This  signal  has  a  (sin  x)/x  envelope  and  a  peak  value  of  VFT.  90%  of  its  energy  lies 
within  the  central  lobe  of  the  envelope,  which  has  a  duration  of  2/F. 

2.2  DPSK  chirp 

Gott  and  Karia  proposed  differential  phase  shift  keying  (DPSK)  as  an  efficient  chirp 
modulation  scheme  (2).  Figure  4  illustrates  the  binary  case.  A  relative  phase  of  0 
between  successive  chirp  signals  represents  a  binary  1,  while  a  relative  phase  of  7T 
represents  a  0. 

Figure  5  is  the  block  diagram  of  a  detector  and  figure  6  shows  the  associated  waveforms. 

The  matched  filter  compresses  the  chirp  signals,  increasing  their  peak  value.  This 
provides  processing  gain,  without  which  the  performance  of  the  system  would  be  inferior 
to  a  narrowband  DPSK  system.  The  differential  phase  information  is  extracted  by 
multiplying  each  compressed  chirp  signal  with  a  delayed  version  of  the  previous  one.  At 
this  stage  a  positive  pulse  represents  a  binary  1  and  a  negative  pulse  represents  a  0. 
The  integrator  accumulates  the  energy  of  each  pulse  over  a  short  period  around  the  peak 
and  its  output  polarity  then  indicates  the  data. 

Under  multipath  conditions,  each  signal  path  yields  a  discrete  pulse  at  the  output  of 
the  matched  filter  and  multiplier.  By  widening  the  integration  window  it  becomes 
possible  to  capture  each  of  these,  at  the  expense  of  white  noise  performance  (2).  The 
choice  of  integration  period  becomes  a  compromise  between  a  wide  window,  which  captures 
all  multipath  components,  and  a  narrow  window,  which  minimises  the  degradation  caused  by 
additional  noise  entering  the  integration  process. 

2.3  Adaptive  filtering 

Sepehri  built  and  tested  a  DPSK  chirp  modem  which  included  adaptive  excision  (3).  The 
adaptive  filter  unit  comprised  15  adjacent  Tchebyshev  bandpass  filters  across  the  chirp 
signal  bandwidth.  During  breaks  in  signal  transmission  the  signal  level  at  the  output 
of  each  filter  was  measured.  Those  contributing  high  levels  of  interference  were 
omitted  from  the  composite  filter  during  reception  of  the  subsequent  message.  Large 
ripples  in  the  amplitude/frequency  and  phase/frequency  response  of  the  filter  led  to 
severe  signal  dispersion  even  in  the  absence  of  excision.  As  a  consequence,  significant 
intersymbol  interference  was  introduced  at  a  keying  rate  of  80  bauds. 

Darbyshire  used  analogue  transversal  filter  circuits  to  synthesise  an  adaptive  filter 
with  a  linear  phase/frequency  response  (4).  This  largely  eliminated  the  dispersion 
problem.  The  chirp  bandwidth  was  treated  as  16  contiguous  sub-channels  each  170Hz  wide, 
any  combination  of  which  could  be  removed  to  a  depth  in  excess  of  50  dB. 

A  problem  with  performing  interference  assessment  during  breaks  in  transmission  was  that 
changes  in  interference  structure  during  a  message  could  not  be  tolerated.  Darbyshire 
used  an  analogue  spectrum  analysis  technique  to  analyse  the  2.7kHz  swept  bandwidth  with 
a  resolution  of  120Hz  every  26.6ms.  Using  a  microprocessor  to  interpret  the  received 
signal  spectrum  it  was  possible  to  perform  continuous  interference  assessment  and  filter 
updating  during  message  reception. 

2.4  Adaptive  chirp  versus  FEK 

Darbyshire  compared  on  an  HF  link  an  adaptive  DPSK  chirp  modem  employing  voice  bandwidth 
chirp  signals,  with  a  conventional  frequency  exchange  keying  (FEK)  system.  He 
discovered  that  adaptive  DPSK  chirp  was  superior  to  FEK  at  a  data  rate  of  75  bps.  Its 
average  performance  was  better,  and  it  achieved  almost  continuous  useful  communication, 
whilst  there  were  extended  periods  during  which  the  FEK  format  failed  repeatedly. 


3  INCREASING  THE  DATA  RATE 

There  are  two  solutions  to  the  problem  of  increasing  the  data  rate  of  a  serial  DPSK 
chirp  modem.  The  first  is  to  increase  the  number  of  phase  states.  The  alternative  is 
to  reduce  the  chirp  keying  period  (while  retaining  the  full  frequency  sweep). 

A  reduced  keying  period  can  be  a  problem  when  operating  under  multipath  propagation 
conditions.  If  the  multipath  delay  is  of  the  same  order  as  the  keying  period,  then 
severe  intersymbol  interference  occurs.  Minimum  keying  periods  of  around  10ms  are 
typical  in  HF  modems.  Figure  7  illustrates  a  signal  format  which  alleviates  the 
problem.  Two  independent  DPSK  chirp  sequences  are  interleaved;  one  using  ascending 
frequency  chirps  (denoted  forward  sweeps),  and  the  other  using  descending  frequency 
chirps  (denoted  reverse  sweeps).  In  the  composite  waveform  alternate  chirp  signals 
sweep  in  opposite  directions.  Figure  8  indicates  how  the  demodulator  operates  on  the 
received  signal.  Two  independent  DPSK  chirp  detectors  are  used,  one  matched  to  the 
forward  sweeps  and  the  other  matched  to  the  reverse  sweeps.  Since  opposite  sweeps  are 
approximately  orthogonal,  each  matched  filter  compresses  its  matched  signals,  but 
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disperses  the  orthogonal  signals  to  a  low  level,  as  shown  in  figure  9.  If  the 
dispersion  factor  is  large,  the  orthogonal  chirp  signals  have  little  effect  on  the  data 
decision.  As  a  result  of  this  processing,  the  effective  keying  rate  in  each  detector  is 
half  the  transmitted  chirp  signal  rate. 


4  THE  EXPERIMENTAL  SYSTEM 

The  experimental  modem  combines  the  features  discussed  above  so  as  to  achieve  data 
transmission  at  rates  of  75,  150,  300  or  600  bps.  In  all  cases  DPSK  modulation  of  chirp 
signals  swept  across  2.7kHz  is  employed  and  adaptive  filtering  is  applied.  Table  1 
describes  the  8  signal  variations  included  in  the  modem. 

Note:  At  75  bauds,  keying  period  =  13.3ms 

dispersion  factor  =  36 
At  150  bauds,  keying  period  =  6.7ms 
dispersion  factor  =  18 
At  300  bauds,  keying  period  =  3.3ms 
dispersion  factor  =  9 

Format  1  (FB75)  is  identical  to  that  used  by  Darbyshire  (4).  With  format  8  (AQ300),  the 
combination  of  quaternary  DPSK  and  alternating  chirp  sweeps  gives  an  effective  serial 
rate  of  150  bauds  at  the  decision  point  of  each  detector,  for  a  data  rate  of  600  bps. 

Interference  assessment  is  achieved  by  a  spectrum  analyser/microprocessor  unit  based  on 
that  used  by  Darbyshire.  The  adaptive  filter  is  identical  to  Darbyshire 's  (4). 

The  demodulator  includes  a  microprocessor  which  performs  frame  synchronisation,  data 
logging,  de-interleaving  to  a  level  of  88  bits  and  Golay  (23,12,3)  decoding  of  received 
data. 


5  SYSTEM  MEASUREMENTS 

5.1  LABORATORY  TESTS 

The  modem  was  subjected  to  conventional  white  noise  tests  to  ensure  that  the  detectors 
for  the  individual  formats  performed  equally.  Analysis  of  the  performance  of  DPSK  chirp 
using  an  integrator  is  difficult,  but  measurements  compared  well  with  previously 
published  results. 

5.2  THE  FIELD  TRIAL 

The  modem  was  tested  over  an  HF  radio  link  between  RSRE  Malvern  in  Worcestershire 
(Enjland)  and  Jodrell  Bank  radio  astronomy  site  in  Cheshire  (England)  -  a  distance  of 
125krn.  Tests  were  performed  at  a  number  of  'Fixed  and  Mobile'  frequency  allocations  in 
the  region  of  the  predicted  optimum  working  frequency  (OWF).  Typically,  a  signal  power 
of  3W  was  fed  into  a  Racal  RA1003  Difan  wideband  antenna  at  the  transmitting  site. 
Reception  was  via  a  horizontal  active  dipole  wideband  antenna.  The  system  operated  day 
and  mghr  under  a  variety  of  propagation  and  interference  conditions  for  a  total  of  156 
hours  in  the  period  from  16th  June  1988  to  26th  June  1988. 

The  modulator  and  demodulator  were  each  equipped  with  a  microprocessor  provided  with 
accurate  timing  information  derived  from  the  MSF  transmission  at  Rugby.  The 
microprocessors  facilitated  automatic  testing  by  sequentially  selecting  each  of  the  8 
signal  formats.  In  each  minute  the  modulator  and  demodulator  were  configured  to  operate 
with  the  same  format  and  a  single,  fixed  length  message  was  transmitted.  Hence,  the 
modem  cycled  through  each  of  the  experimental  formats  every  8  minutes. 

De-interleavmg/Golay  error  correction  was  applied  to  each  message,  and  all  results  were 
dumped  to  a  BBC  microcomputer  for  storage  and  analysis. 

Each  message  comprised: 

33  bit  frame  synchronisation  code 

2047  bits  of  information  (either  pseudo-random  sequence  or  alternate  Is  and  0s) 

The  duration  of  a  complete  message  ranged  from  30s  at  75  bps  down  to  3.25s  at  600  bps. 


6  RESULTS 

The  histograms  of  figures  10  and  11  represent  the  overall  performance  of  the  system 
during  the  tests.  They  indicate  the  success  achieved  by  each  format,  with  regard  to  the 
percentage  of  messages  obtaining  synchronisation,  and  the  percentage  which  were  decoded 
with  zero  errors  by  Golay  code  interleaved  to  a  level  of  88. 
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7  CONCLUSIONS 

Darbyshire  found  that  adaptive  DPSK  chirp  was  superior  to  FEK  at  75  bps  (4).  The  work 
reported  here  compared  a  number  of  experimental  chirp  signal  formats  in  an  effort  to 
deduce  the  best  way  of  achieving  higher  data  rates  using  this  approach.  The  following 
points  summarise  the  results  of  156  hours  of  HF  tests: 

( i )  69%  of  messages  transmitted  at  75  bps  using  format  1  (FB75)  were  decoded  with  0 
errors. 

(ii)  To  operate  at  150  bps,  there  is  little  to  choose  between  using  4-phase  DPSK  chirp 
at  75  bauds  (FQ75)  and  2-phase  DPSK  chirp  at  150  bauds  (FB150). 

49%  of  messages  transmitted  at  150  bps  using  format  2  (FQ75)  were  decoded  with  0  errors. 

(m)  To  achieve  300  bps,  4-phase  DPSK  at  150  bauds  (FQ150)  is  preferable  to  2-phase 
DPSK  at  300  bauds  (FB300).  On  average,  with  4  phases,  the  unidirectional  chirp  sweeps 
(FQ150)  performed  better  than  alternating  sweeps  (AQ150). 

43%  of  messages  transmitted  at  300  bps  using  format  5  (FQ150)  were  decoded  with  0 
errors . 

(iv)  At  600  bps  it  is  essential  to  use  alternate  sweeps  and  4-phase  DPSK  at  300  bauds 
(AQ300). 

20%  of  messages  transmitted  at  600  bps  using  format  8  (AQ300)  were  decoded  with  0 
errors . 

The  experimental  results  suggest  that  rather  than  reducing  the  keying  period  it  is 
preferable  to  increase  the  number  of  phase  states  in  a  DPSK  chirp  system  to  achieve 
greater  data  rates.  However,  stringent  requirements  on  the  demodulator  and  the 
stability  of  the  channel  are  likely  to  make  4  phases  a  practical  limit. 

At  150  bauds  the  forward  sweep  systems  were  generally  superior  to  the  alternate  sweep 
systems.  The  greater  tolerance  of  the  latter  to  multipath  propagation  was  apparent  only 
occasionally,  and  did  not  compensate  for  their  inherently  inferior  white  noise 
performance. 
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Figure  4 
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Figure  6 

Waveforms  produced  by  binary  DPSK  chirp  detector 
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Alternate  sweep  binary  DPSK  chirp  signal 
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Figure  8 

De-interleaving  of  forward  and  reverse  chirp  signals 
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Figure  9 

Waveforms  produced  by  alternate  sweep  detector 
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Figure  10 
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Percentage  of  transmitted  messages 
which  were  decoded  with  zero  errors 


69% 


CHIRP  MODEM  SIGNAL  FORMATS 

FORMAT 

SWEEPS 

DPSK  TYPE 

KEYING  RATE 

BIT  RATE 

i.  FB75 

Forward 

Binary 

75  bauds 

75  bps 

2.  FQ75 

Forward 

Quaternary 

75  bauds 

3.  FB150 

Forward 

Binary 

150  bajds 

150  bps 

4.  AB150 

Alternate 

Binary 

150  bauds 

5.  FQ150 

Forward 

Quaternary 

150  bauds 

B.  AQ150 

Alternate 

Quaternary 

150  bauds 

300  bps 

7.  AB300 

Alternate 

Binary 

300  bauds 

8.  AQ300 

Alternate 

Quaternary 

300  bauds 

600  bps 

'fable  1 
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DISCUSSION 


C.  GOUIELARD 

I  would  like  to  comment  on  the  interventions  of  Mr  OSSEWAARD  and  Prof. 

DARNELL,  and  to  ask  a  question. 

First,  when  digital  modulation  is  superimposed  on  the  chirp  signal  sequence 
the  result  is  the  convolution  of  the  spectra.  The  digital  modulating  signal 
is  narrow-band  (typically  80Hz)  and  is  therefore  almost  a  Dirac  impulse 
-  the  neutral  element  of  convolution.  Thus  only  the  secondary  effects  which 
widen  the  spectrum  by  twice  80Hz  modify  the  spectrum. 

I  agree  with  Prof.  DARNELL.  Extrapolating,  .this  leads  to  an  optimisation 
problem.  The  best  compromise  between  interference  rejection  and  its  effect 
on  the  output  autocorrelation  function  must  be  chosen.  Have  you  investigated 
this  problem  ? 

AUTHOR'S  REPLY 

As  indicated  in  the  reply  to  Prof.  DARNELL'S  question,  computer  simulations 
have  been  performed  in  order  to  investigate  the  effects  of  the  excision 
process.  In  particular,  it  is  important  to  appreciate  that  the  dispersion 
of  the  chirp  signal,  due  to  excision,  did  not  cause  significant  chirp  signal 
energy  to  fall  outside  the  integration  window. 

M.  DARNELL 

1  -  Was  the  interference  excision  filter  in  operation  during  the  practical 

trials  described  ? 

2  -  Can  you  say  something  about  the  nature  &  magnitude  of  the  group  delay 

distortion  produced  by  the  filter  when  excising  say  multiple  narrow 
band  pass  signals  ?  How  significant  is  this  ? 

3  -  In  the  practical  trials,  the  excision  filter  might  have  been  configured 

differently  for  each  data  type.  In  this  case,  to  what  extent  would  this 
influence  the  comparative  results  ? 

AUTHOR'S  REPLY 

1  -  Adaptive  interference  excision  was  included  throughout  the  field  trials. 

2  -  The  effect  of  excising  narrowband  sections  of  the  chirp  signal  spectrum 

is  to  disperse  the  energy  of  the  compressed  pulse  at  the  matched  filter 
output.  The  degree  of  dispersion  is  dependent  both  on  the  total  bandwidth 
rejected,  and  also  the  position  of  the  individual  sections.  Computer 
simulations  have  shown  that  the  dispersion  introduced  by  excision  patterns 
typically  necessary  for  HF  interference  structures  is  less  than  that 
introduced  by  multiplath  propagation.  As  a  consequence,  the  integrator  in 
the  detector  successfully  gathers  together  the  dispersed  energy  of  the 
pulses,  such  that  performance  is  not  adversely  affected. 

It  may  be  noted  that  the  transversal  filters  used  to  achieve  interference 
rejection  have  a  linear  phase/frequency  response,  and  hence  do  not  introduce 
group  delay  distortion. 

3  -  Observations  of  interference  within  voice  bandwidth  channels  at  HF  have 

shown  that  the  interference  structures  are  relatively  static  (refs.  1,  2,  3). 
A  given  interference  pattern  might  exist  for  hours,  and  the  modem  cycled 
through  each  of  its  experimental  formats  every  8  minutes.  Coupled  with  the 
156  hours  duration  of  the  tests,  it  is  fair  to  assume  that  on  the  whole 
the  experimental  formats  experienced  similar  interference  conditions. 
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G.  OSSEWAARD 

The  spectrum  of  the  chirp  signal  was  block-shaped.  Is  this  not  an  idealisation 
of  the  real  spectrum  ?  The  modulated  chirp  signal  can  be  considered  as  a 
multiplication  of  the  unmodulated  chirp  and  the  random  binary  signal. 

In  the  frequency  domain  this  results  in  the  convolution  of  the  respective 
signals. 

AUTHOR'S  REPLY 

The  spectrum  of  a  chirp  signal  with  bandwidth-duration  product  much  greater 
than  I  closely  approximates  the  idealised  spectrum  illustrated  in  the  paper. 

The  spectral  analysis  technique  employed  in  the  experimental  modem  derives 
each  spectrum  from  a  single  chirp  signal.  It  is  therefore  independent  of 
the  spectrum  of  the  modulating  signal.  (See  also  Prof.  GOUTELARD's  comment 
regarding  the  effect  of  the  modulation). 
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1  .  INTRODUCTION 

For  many  years  the  ordinary  FM  radio  (e  g  the  VRC  12  family)  has 
been  the  workhorse  in  military  forces  throughout  the  world.  This 
type  of  radio  has  some  advantages;  it  is  relatively  simple  and 
cheap,  it  has  a  low  power  consumption  as  man-pack  and  an 
excellent  voice  quality.  Since  the  modulation  type  and  details 
are  known  by  everyone,  however,  the  meassages  are  easily 
intercepted  and  even  rebroadcasted  in  order  to  fool  the  enemy. 

Age  is  also  becoming  an  important  argument  for  introducing  a  new 
radio  generation  on  the  market. 

2.  REQUIREMENTS  FOR  A  NEW  RADIO  GENERATION 

In  this  paper  we  are  main  y  talking  about  radios  operating  in  the 
military  VHF  band  30  -  88  MHz.  The  requirements  for  such  a  radio 
will  of  course  vary  from  country  to  country  and  the  following 
list  contains  requirements  we  at  NDRE  feel  are  the  most  important 
ones . 

a.  Resistance  to  interceptance 

This  means  different  things  to  different  people.  The  most 
important  aspect  is  that  it  must  be  imposssible  to  tap  the 
information  off  the  transmission  for  anyone  else  than  those  the 
transmission  is  intended  for.  Cryptographic  equipment  is 
available  for  todays  radios,  but  new  radios  should  have  such  a 
possibility  built  into  the  radio  and  in  addition  the  modulation 
format  should  make  it  very  difficult  to  listen  to  the  traffic 
without  knowing  some  kind  of  key  in  advance.  Interceptance  could 
also  mean  detection  of  radiation,  location  of  transmitters  and 
logging  of  the  traffic  intensity  of  certain  transmitters.  These 
factors  should  also  be  taken  into  consideration  when  evaluating 
the  signal  format  of  new  radios . 

b.  Resistance  to  jamming 

The  new  radio  generation  should  be  more  resistant  to  jamming.  The 
importance  of  various  types  jammers  must  be  evaluated.  Jammers 
may  be  broadband  and  powerful,  but  stupid,  like  stand-off  barrage 
jammers,  or  the  may  be  narrowband  and  less  powerful,  but  more 
intelligent  like  follower  jammers  capable  of  measuring 
frequencies  and  directing  its  transmitter  to  this  frequency  in  a 
very  short  time.  New  radios  should  offer  resistance  to  the 
jammer (s)  considered  most  important. 

c.  Suitability  for  data  applications 

Everyone  agrees  that  use  of  voice  to  transfer  information  in 
military  systems  is  inefficient  an  unreliable.  Standard  messages 
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such  as  position,  own  adress,  receiver  adress,  transmitted  and 
received  signal  power  could  be  transferred  much  more  efficient 
with  the  use  of  data.  This  decreases  the  chances  of  being 
detected  and  then  again  jammed,  if  we  assume  that  the  enemy  does 
not  jam  until  he  detects  the  transmission.  Since  many  messages 
are  very  short  in  nature  (like  firing  commands  in  weapon  control 
systems),  it  is  important  that  the  radio  is  efficient  for  short 
meassages  like  for  instance  20  byte.  More  use  of  data  will  also 
lead  to  a  much  more  efficient  use  of  the  available  spectrum, 
which  in  some  places  is  overcrowded. 

d.  Suitability  for  colocation  of  many  radios 

Some  applications  require  that  radios  are  installed  very  close  to 
each  other,  for  instance  in  the  same  vehicle,  either  using 
antennas  very  close  to  each  other  or  sharing  the  same  antenna 
through  some  sort  of  multiplexer.  In  either  case  the  isolation 
between  the  radios  that  can  be  obtained  is  very  limited,  on  the 
order  of  20  dB.  This  requires  that  the  radios  are  equipped  with 
suitable  filters  both  in  the  transmitter  chain  and  in  the 
receiver  path  so  that  transmitting  from  one  or  more  radios  on  one 
frequency  does  not  disturb  the  receiveing  radio  and  restricts  the 
range  of  that  radio  on  some  other  frequency.  Since  received 
signals  can  be  of  the  order  of  -120  dBm  and  transmitted  signals 
on  the  order  of  47  dBm  this  puts  some  very  tough  requirements 
both  on  the  receiving  and  transmitting  chain  in  the  radios . 

e.  Low  power  consumption 

New  radios  introduced  on  the  market  so  far  definitely  consumes 
more  power  than  a  simple  FM  radio.  It  seems  that  the  price  to  pay 
for  new  requirements  is  increased  power  consumption.  We  feel  that 
this  is  an  important  issue,  of  course  most  important  for  the  man- 
pack  version  of  the  radio.  Part  of  the  problem  can  be  solved  by 
using  other  types  of  batteries  e.  g.  lithium. 

f.  Low  price 

New  requirements  inevitably  seems  to  lead  to  a  higher  price  on 
the  product.  New  radios  introduced  are  all  more  expensive  than 
the  simple  FM  radio.  This  is  serious  of  course,  since  it  means 
that  less  radios  can  be  bought  for  the  same  amount  of  money. 

g.  Suitable  for  antenna  null-steering 

Antenna  null-steering  is  a  completely  passive  means  of  acheiving 
jam  resistance.  If  a  null-steering  system  can  be  constructed 
cost-effectively,  the  radio  should  be  prepared  to  work  together 
with  such  a  system.  Remember  that  if  a  null-steering  system 
raises  the  signal-to-noise  ratio  by  10  dB,  this  is  equivalent  to 
a  bandspreading  of  ten  times,  and  an  increase  in  the  range  of  the 
radio  by  a  factor  of  approximately  two .  So  if  such  a  system  could 
be  made  at  a  moderate  cost,  the  radio  signal  format  should  not 
prevent  the  use  of  it.  On  the  contrary,  the  radio  format  should 
be  such  that  introducing  a  nullsteering  system  is  made  more 
easily . 
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3.  NEW  RADIOS  ON  THE  MARKET 

Leading  industries  of  the  world  have  introduced  the  Frequency 

Hopper  (FH)  on  the  market,  mainly  as  an  answer  to  requirements  a 

and  b.  We  will  briefly  discuss  the  frequency  hopper  in  view  of 

the  above  requirements . 

a.  It  is  definitely  more  difficult  to  tap  the  information  off  an 
FK  system  than  a  fixed  frequency  FM  system.  When  it  comes  to 
the  enemy's  ability  to  detect  and  locate  various  transmitters, 
we  feel  that  little  is  gained  by  hopping  in  the  way  now 
implemented.  Low  Probability  of  Interceptance  (LPI)  requires 
low  output  power  for  a  given  bandwidth,  large  hop-set,  short 
messages  and  low  hop-rate.  The  hoppers  on  the  market  for  VHF 
today  do  not  have  these  characteristics. 

b.  The  number  of  frequencies  in  the  hop-set  is  often  quoted  as 
the  so  called  Processing  Gain  (PG)  of  the  frequency  hopper. 
This  is  very  misleading  indeed.  Let  us  define  processing  gain 
for  the  hopper  as  the  number  of  frequencies  necessary  to  jam 
in  order  to  acheive  a  certain  (bad)  quality  on  the  link 
between  the  hoppers.  If  the  hop-set  is  1000  and  the  data-rate 
16  kb/s  (this  data  rate  is  standard  for  all  the  hoppers  on  the 
market)  we  still  need  only  jam  one  single  of  these  frequencies 
in  order  to  achieve  a  BER  of  10-3  on  that  channel.  The  PG  is 
therefore  in  this  case  0  dB .  Voice  can  with-stand  a  higher 
BER.  Typically,  the  number  of  blocked  channels  tolerated  is 
25%,  which  leads  to  a  PG  of  250  (24  dB) .  We  therefore  see  that 
the  PG  of  the  hopping  system  is  heavily  dependent  on  the  mode 
of  the  frequency  hopper.  We  also  see  that  an  FH  channel  with 
16  kb/s  data  rate  is  virtually  impossible  with  quality 
requirements  necessary  for  data  transmission.  The  16  kb/s  data 
stream  will  have  to  be  coded.  Then  again,  the  PG  for  the 
system  will  depend  on  the  type  of  code  to  be  used  and  can  not 
be  stated  generally  from  the  number  of  frequencies  in  the  hop- 
set  . 

The  PG  experienced  in  a  typical  scenario  will  vary  according 
to  how  many  nets  are  on  the  air  at  the  same  time.  In  a  crowded 
situation  the  jammer  will  not  have  to  be  turned  on  at  all.  The 
hopping  nets  will  jam  themselves.  Let  us  try  to  illustrate 
this  situation  .in  a  figure,  see  fig  1.  This  is  valid  for 
voice,  which  we  assume  tolerates  25  %  blocked  channels.  We 
assume  that  the  available  spectrum  for  the  hoppers  is 
256  x  25  kHz.  (We  feel  very  strongly  that  when  the  hoppers  are 
fielded,  they  will  not  be  allowed  to  use  a  very  large  percent 
of  the  available  spectrum) .  Let  us  now  assume  that  we  start  to 
introduce  FH  nets  in  this  bandwidth.  The  goal  of  the  jammer  is 
to  jam  all  nets,  and  the  vertical  scale  indicates  hew  many 
frequencies  he  has  to  jam  in  order  to  acheive  this  goal.  (This 
equals  the  number  of  times  he  has  to  increase  the  power  from 
his  transmitter  source).  The  first  nets  on  the  air  are  easily 
jammed  by  a  follower  jammer.  The  jam  resistance  according  to 
the  above  definition  is  therefore  1  (0  dB).  When  the  follower 
jammer  no  longer  is  able  to  operate  satisf actorly ,  the  jammer 
must  resort  to  tone-jamming  over  as  many  frequencies  as 
necessary.  The  PG  rises  sharply  to  64,  and  with  these 
frequencies  the  jammer  is  able  to  jam  all  nets  on  the  air  in 


this  frequency  range.  As  the  number  of  nets  exceeds 
approximately  64,  self- jam  starts  to  become  important,  and  the 
jammer  does  not  have  to  transmit  on  64  frequencies  any  longer. 

When  approximately  128  nets  are  on  the  air,  the  jammer  is  not 
needed  any  longer.  Here,  we  have  excluded  the  possibility  for 
the  different  nets  to  apply  orthogonal  hopping. 

Let  us  compare  this  to  what  happens  when  the  same  radio  is 
used  as  a  fixed  frequency  radio,  each  net  introduced  being 
allocated  to  a  new  25  kHz  slot.  The  jammers  goal  is  still  to 
jam  all  nets  in  the  band.  (He  is  not  able  to  sort  out  the 
important  ones).  The  jam  resistance  of  the  total  system  of 
radios  is  now  increasing  linearly  as  the  number  of  nets 
increases.  We  see  that  the  "Processing  Gain"  is  passing  the  FH 
system  as  the  number  of  nets  exceeds  approximately  64.  We  feel 
that  the  lesson  to  be  learned  from  this  is  that  very  little  is 
to  be  gained  by  hopping  as  long  as  many  nets  are  on  the  air 
simultanously  and  the  enemy  must  jam  all  nets  in  order  to  be 
sure  to  acheive  his  goal. 

Finally,  hopping  around  with  the  center  frequency  of  a  system 
does  not  increase  the  resistance  to  barrage  jammers.  Take  as 
an  example  a  10  kW  jammer  50  km  away  located  in  an  aircraft. 
The  advantage  of  putting  the  jammer  in  an  aircraft  is 
tremendous  when  it  comes  to  propagation  which  then  becomes 
approximately  free  space.  The  jamming  input  power  to  each 
radio  could  be  on  the  order  of  -60  to  -70  dBm,  which  is  enough 
to  wipe  out  any  communication  system  in  the  whole  VHP  band  but 
the  most  short  ranged  and  powerful  ones.  The  FH  radio  does  not 
offer  any  increased  performance  in  such  a  scenario. 

Frequency  hoppers  were  introduced  on  the  market  as  voice 
radios  with  increased  resistance  to  interceptance  and  jamming. 
The  basic  data  rate  is  slightly  more  than  16  kb/s  to  support 
delta  modulated  voice.  We  have  already  seen  that  it  is 
hopeless  to  achieve  a  high  quality  16  kb/s  data  link  with  a 
frequency  hopper.  The  data  have  to  be  coded  in  order  to 
tolerate  blocked  channels.  Reasonable  tolerance  to  blocked 
channels  can  be  achieved  at  data  rates  on  the  order  of 
1.2  kb/s.  The  high  rate  coder  implemented  to  do  this  is  very 
inefficient  in  white  noise  applications  leading  to  relatively 
poor  range  capabilities  when  the  noise  is  evenly  spread  over 
the  spectrum  as  is  the  case  when  a  barrage  jammer  is  operating 
or  no  interfering  signals  are  operating  at  all. 

The  efficiency  for  short  data  messages  is  very  poor  due  to 
long  synchronization  preambles  and  the  coding  and  interleaving 
nescessary  to  tolerate  blocked  channels.  The  shortest  possible 
message  length  for  some  frequency  hoppers  is  around 
0.5  second.  It  is  therefore  impossible  to  use  frequency 
hoppers  in  packet  radio  networks  which  use  short  message 
formats . 

Since  the  coding  used  can  tolerate  only  a  certain  amount  of 
blocked  channels  at  a  certain  data  rate  and  quality  of 
channel,  the  throughput  offered  by  a  certain  bandwidth,  say 
256  x  25  kHz  channels,  will  start  to  decrease  when  the  density 
of  nets  reaches  a  certain  level.  This  is  illustrated  in  figure 
2.  As  we  start  to  introduce  nets  in  the  given  bandwidth,  the 


21-5 


total  throughput  increases  linearly.  If  we  exclude  the 
possibility  of  using  orthogonal  hopping,  these  nets  will  start 
to  interfere  with  each  other  and  the  throughput  will  decrease. 
If  the  radios  were  Fixed  Frequency  (FF)  however,  this  will  not 
happen  if  we  assume  a  good  frequency  planning,  and  the 
throughput  will  increase  linearly. 

d.  Colocating  Frequency  Hoppers  is  not  an  easy  task.  It  is 
impossible  to  plan  the  frequency  allocation  to  avoid  direct 
hits  and  spurious  responses  in  transmitter  and  receiver.  The 
solution  offered  is  most  often  to  confine  one  hopping  net  in 
one  band  separated  by  a  guard  band  from  the  next  hopping  band. 
The  separation  must  be  on  the  order  of  5  MHz  or  more.  Doing 
this  is  the  same  as  breaking  a  very  important  principle  for 
frequency  hoppers:  the  frequencies  should  be  selected  totally 
random  over  as  large  a  bandwidth  as  possible.  The  band 
allocation  principle  makes  it  easier  for  an  enemy  to  sort  the 
traffic  and  then  jam  the  important  nets. 

e.  The  frequency  hoppers  on  the  market  definitely  burn  more  power 
than  the  ordinary  FM  radios.  Whether  a  new  type,  new  radio 
generation  can  be  constructed  having  a  power  consumption 
comparable  to  the  FM  radios  remains  to  be  seen. 

f.  The  price  for  new  radios  will  be  higher,  if  these  radios  meet 
the  new  requirements  to  some  extent. 

g.  Antenna  null-steering  has  been  a  subject  of  discussion  for  a 
long  time.  Hardware  has  been  introduced  on  the  market  by 
various  companies.  It  is  no  doubt  that  such  a  system  can 
increase  the  Signal  to  Noise  .Ratio  by  a  large  amount  in 
certain  scenarios.  However,  the  time  to  establish  a  null  in  a 
given  direction  will  be  considerable  compared  to  the  time  on 
one  frequency  for  frequency  hoppers  and  also  some  method  for 
not  nulling  friendly  signals  must  exist.  These  circumstances 
both  tend  to  make  it  difficult  for  the  FH  system  to  implement 
Antenna  Nulling  systems. 


4.  DESCRIPTION  OF  THE  CORA  RADIO 

In  this  chapter  we  describe  the  CORA  radio  developed  at  NDRE, 
Norway.  This  development  started  in  1986.  The  objective  was  to 
develop  a  radio  suitable  for  both  voice  and  data,  especially 
packet  data.  The  development  has  resulted  in  one  transmitter  and 
one  receiver,  which  has  been  tested  by  the  Norwegian  Army  in  June 
1988.  The  radio  is  one  of  the  competitors  when  the  Norwegian  Army 
shall  decide  what  radio  will  be  the  next  radio  generation  to 
replace  the  VRC  12  family  now  in  use. 

CORA  is  a  Direct  Sequence  Spread  Spectrum  (DSSS  or  DS)  radio 
utilizing  orthogonal  coding.  For  a  reminder  of  the  DS  principle, 
we  refer  to  figure  3,  which  shows  a  series  of  data  bits  (010) 
each  coded  with  a  7  bit  (chip)  Pseudo  Random  code.  The 
conventional  DS  system  represent  each  data  bit  with  a  code 
according  to  the  modulation  principle,  which  may  be  Differential 
Phase  Shift  Keying  (DPSK).  If  the  number  of  code  bits  is  L,  the 
bandwidth  of  the  system  then  approximately  increases  L  times,  the 
jam  resistance  increases  L  times  and  the  receiver  needs  a 
correlator  of  length  L.  The  correlator  may  be  looked  upon  as  a 
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coherent  integrator  and  increases  the  SNR  at  the  output  L  times. 
The  PG  of  the  system  is  said  to  be  L,  which  most  often  is 
associated  with  the  increase  in  bandwidth  and  not  the  correlator 
length  which  from  a  physical  point  of  view  is  the  most  correct 
way  to  look  at  it. 


For  a  reminder  of  what  orthogonal  signaling  is,  we  refer  to 
figure  4.  In  this  example  each  code  transmitted  represents  two 
bits  of  information.  As  can  be  seen  we  then  need  4  different 
codes  to  represent  any  data  sequence,  and  the  receiver  must  be 
able  to  distinguish  between  these  codes.  The  advantage  with  this 
type  of  modulation  is  dramatic.  The  bit  rate  may  be  doubled  or 
the  bandwidth  of  the  system  may  be  half  the  original  bandwidth  if 
the  bit-rate  is  constant.  If  we  prefer  the  last  choice,  the  range 
of  the  radio  is  increased,  since  the  amount  of  noise  in  the 
receiver  is  half  the  original  noise  and  the  necessary  increase  in 
signal  power  to  detect  the  codes  correctly  is  very  small  compared 
to  the  reduction  in  noise  power .  Note  that  the  correlator  length 
is  constant.  Except  for  the  small  loss  due  to  the  extra  signal 
power  needed  to  detect  codes  correctly,  this  means  that  the  PG 
against  the  narrowband  jammer  being  able  to  concentrate  all  his 
power  into  our  bandwidth,  is  approximately  the  same.  Against  a 
broadband  jammer  the  performance  has  increased  by  approximately 
3  dB.  DS  systems  are  often  said  to  have  a  Low  Probability  of 
Interceptance  (LPI)  since  their  output  power  spectral  densities 
are  lower.  In  a  system  employing  orthogonal  coding  the  spectral 
density  has  increased.  The  thing  to  remember  is  that  the  range 
for  the  same  output  power  has  also  increased.  So  if  we  choose  to 
keep  the  range  constant,  the  LPI  performance  is  approximately  the 
same  as  before  ie  given  by  the  correlator  length. 

The  codes  used  should  ideally  be  perfectly  orthogonal,  ie  the 
output  from  the  correlator  should  be  zero  when  the  reference  code 
is  not  the  same  as  the  transmitted  code.  In  a  practical 
communication  system,  the  necessary  level  of  the  crosscorrelation 
needs  only  be  some  20  dB  down.  This  means  that  the  number  of 
codes  available  is  more  than  adequate.  The  receiver  will  be 
slightly  more  complex  in  order  to  search  for  the  codes  in  the 
alphabet  used,  but  this  is  a  small  price  to  pay  compared  to  what 
is  gained  by  reducing  the  bandwidth  of  the  system.  CORA  is 
therefore  using  orthogonal  signalling  at  a  very  high  level,  ie 
256-ary  for  2.4  kb/s  and  128-ary  for  16  kb/s. 

We  now  proceed  by  explaining  the  CORA  dataformat  shown  in  figure 
5.  To  establish  chip  synchronism,  the  data  are  preceeded  by  a 
preamble  consisting  of  two  long  codes.  These  are  correlated  in 
the  receiver  and  the  results  are  incoherently  integrated. 
Synchronism  is  established  therefore  in  a  very  short  time,  less 
than  10  msek.  The  synchronizing  codes  are  followed  by  codes  for 
information  to  the  radio,  F  codes,  giving  information  about  what 
type  of  signal  is  coming,  ie  16  kb/s  voice  or  data,  2.4  kb/s  data 
etc.  This  means  that  the  radio  does  not  have  to  know  in  advance 
what  is  to  be  transmitted  to  it.  The  information  symbols  I  can  be 
codes  of  variable  length,  and  the  total  number  of  codes  in  a 
frame  can  vary  with  the  application.  The  frame  may  be  ended  with 
Message  End  codes  if  this  is  necessary. 

The  CORA  main  specifications  are  shown  in  figure  6.  These  should 


be  more  or  less  self explaining  bearing  in  mind  what  have  been 
said  about  the  multilevel  orthogonal  signalling. 

A  point  that  needs  comment  is  perhaps  the  channel  separation.  In 
the  VRC  12  family  the  bandwidth  of  the  radio  is  approximately 
25  kHz  and  the  channel  separation  is  50  kHz .  In  CORA  we  claim 
that  the  channel  separation  and  the  bandwidth  is  approximately 
the  same.  Here  one  must  bear  in  mind  that  we  deal  with  a  direct 
sequence  spread  spectrum  system  with  processing  gain.  The 
tolerable  noise  power  at  the  input  of  the  receiver  from  a  radio 
with  a  different  code  is  at  the  center  frequency  more  than  10  dB 
above  the  correct  signal.  In  terms  of  channel  separation  this 
means  that  we  can  define  a  "new"  channel  closer  to  a  certain 
frequency  than  in  conventional  systems.  The  PG  is  reducing  the 
necessary  filtering.  (For  a  high  enough  PG  we  could  have  operated 
the  system  as  true  Code  Division  Multiple  Access  (CDMA) ,  and  have 
channel  separation  0  Hz ! ) 

Let  us  now  run  quickly  through  the  CORA  radio  block  diagram  shown 
in  fig  7.  We  will  follow  8  bit  of  information  from  the  data  input 
to  the  transmitter  to  the  output  of  the  receiver.  When  a  stream 
of  data  is  presented  to  the  radio  at  its  input  ports  the  first 
thing  the  radio  does,  is  to  sort  the  data  in  blocks  of  8  bits. 
These  8  bits  represent  a  number  between  0  and  255.  The  code 
corresponding  to  this  number  is  then  read  from  a  memory  and  put 
forward  to  the  MSK  modulator  which  is  modulating  some 
intermediate  frequency  according  to  the  code.  Then  follows  a 
conventional  up-converter  with  associated  filtering  and 
amplification.  Extensive  filtering  is  employed  to  improve 
colocation  performance.  The  maximum  output  power  in  the  prototype 
is  5  watts. 

In  the  receiver  chain  extensive  preselection  filtering  is  used  to 
improve  the  colocation  performance.  The  radio  is  a  of  the  double 
superheterodyne  type  with  linear  IF  amplifiers.  After 
downconversion  to  baseband,  follows  the  correlator  bank  with 
associated  synchronization  and  demodulation  circuitry.  The 
correlator  is  controlled  from  this  circuitry  to  look  for  the 
synchronizing  codes  and  then  select  the  code  that  gives  the 
highest  correlation  peak  and  declare  this  as  the  code 
transmitted.  The  associated  number  of  the  code  is  forwarded  to 
the  processor  as  the  data.  The  data  is  either  routed  to  the 
terminal  or  used  internally  to  test  the  performance  of  the  radio 
such  as  Bit  Error  Rate  measurements. 

5.  THE  CORA  PERFORMANCE  IN  VIEW  OF  THE  REQUIREMENTS 

We  now  discuss  the  CORA  radio  performance  in  view  of  the 
requirements  given  in  section  2. 

a.  It  is  extremely  difficult  to  demodulate  the  data  from  the  CORA 
transmission  without  knowing  the  codes  being  used,  even  if  you 
have  a  CORA  radio  at  hand.  The  number  of  codes  that  can  be 
used  for  the  alphabets  is  very  large.  Furthermore  it  is 
perfectly  feasible  to  change  synhronizing  codes  and  alphabets 
at  a  rather  fast  rate  making  it  virtually  impossible  to 
demodulate  the  data  for  anyone  not  knowing  the  key  for 
changing  the  codes.  As  for  detection  of  traffic  going  on,  the 
LPI  performance  of  the  CORA  radio  is  approximately  as  for 
conventional  DS  systems  if  the  output  power  is  decreased 
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according  to  the  sensitivity  gained  in  the  receiver  due  to  the 
multilevel  signalling.  Also  very  important  is  the  ability  of 
CORA  to  transmit  very  short  data  messages.  This  ability 
decreases  the  total  time  on  the  air  which  again  reduces  the 
possibility  of  being  detected  at  all.  A  message  containing 
100  bits  of  information  does  not  take  more  than  approximately 
10  msek,  including  synchronization,  in  the  16  kb/s  mode.  This 
time  is  comparable  to  the  "on  time"  in  many  frequency  hopping 
radios . 

b.  The  resistance  to  jamming  is  approximately  the  same  as  for  a 
conventional  DS  radio  system.  The  PG  is  24  dB  in  2.4  kb/s  mode 
and  15  dB  in  16  kb/s  mode.  To  furthermore  increase  the 
resistance  to  narrowband  jammers,  a  system  with  Automatic 
Channel  Selection  and  slow  frequency  agility  will  be  employed. 

Because  of  the  multilevel  signalling  the  performance  against 
the  broadband  barrage  jammer  is  very  good  compared  to  other 
radios  not  using  this  technique.  A  comparison  is  given  in 
figure  8.  In  this  figure  we  compare  CORA  with  an  ordinary 
frequency  hopper  using  noncoherent  FSK  in  a  scenario  limited 
by  a  white  noise  background.  The  performance  of  the  frequency 
hopper  is  very  dependent  upon  the  coding  being  used  and  the 
figures  are  for  the  average  system.  As  can  be  seen,  the  range 
performance  of  CORA  is  superiour . 

c.  The  ability  of  CORA  to  transfer  data  messages  is  very  good. 

The  reason  is  the  short  synchronization  times  needed,  the 
Fixed  Frequency  format  and  the  modulation  method.  Also  the 
radios  ability  to  find  out  itself  whether  data  or  voice  is 
transmitted  is  important. 

d.  As  for  colocation  performance,  this  is  to  a  large  extent 
decided  by  the  filtering  employed  in  the  transmitter  chain  and 
the  receiver  chain.  Here,  the  CORA  radio  performs  very  well 
compared  to  ordinary  frequency  hoppers.  The  general  result  is 
that  despite  the  higher  modulation  rate  and  the  larger 
bandwidths  involved,  the  spectrum  of  CORA  and  the  receiver 
selectivity  of  CORA  compared  to  frequency  hoppers  is  the  same 
or  better .farther  from  the  center  frequency  than  approximately 
100  kHz.  In  the  receiver  greater  selectivity  is  obtained 
because  of  the  DS  principle  involved.  Finally  the  fixed 
frequency  format  is  a  must  when  it  comes  to  avoid  spurious 
responses  by  frequency  management  both  in  transmitter  and 
receiver . 

e.  Power  consumption  in  the  CORA  radio  will  in  a  production  model 
be  comparable  to,  or  lower  than  most  frequency  hoppers  on  the 
market.  The  reduction  in  power  has  been  possible  because  of 
the  low  clocking  speeds  involed  and  the  relatively  narrow 
bandwidths.  This  again  is  a  consequence  of  the  multilevel 
signalling  used  in  CORA. 

f.  Pricing  of  a  production  radio  must  be  decided  by  the  company 
involved.  It  may  be  said,  however,  that  the  price  of  the  radio 
unit  itself  could  be  comparable  to  or  slightly  higher  than 
frequency  hoppers  on  the  market.  The  reason  for  a  higher  price 
could  be  the  slightly  increased  complexity  due  to  the  use  of 
the  DSSS  principle  involving  correlators  and  a  more  stable 
oscillator  in  the  system.  Because  of  the  narrow  bandwidth 
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employed,  large  deviations  from  the  prices  on  radios  already 
on  the  market  as  Frequency  Hoppers  is  not  expected. 

g.  A  fixed  frequency  DSSS  radio  is  the  ideal  partner  for  an 
antenna  nullsteering  system.  The  reason  is  firstly  that  the 
slightly  increased  bandwidth  makes  a  shorter  adaptation  time 
for  the  nulling  possible.  The  fact  that  the  system  is  fixed 
frequency  (at  least  for  a  single  message)  makes  the  null,  once 
established,  valid  for  a  long  period  of  time.  Furthermore,  the 
DSSS  principle  means  that  the  radio  may  work  with  negative 
Signal  to  Noise  Ratios  (SNR)  at  the  input.  This  means  again 
that  the  algorithm  finding  the  null  does  not  have  to  take  into 
account  the  possibility  that  the  signal  it  works  on  is  a 
friendly  signal.  The  chances  that  the  nulling  system  is  able 
to  push  the  signal  level  so  much  below  the  background  noise 
that  the  data  is  undetectable,  can  be  made  very  small. 


5.  TESTING  OF  THE  CORA  PROTOTYPES 

The  prototype  transmitter  and  receiver  have  been  tested 
extensively  in  the  laboratory  and  also  range  tests  have  been 
performed  by  the  army  various  places  in  Norway.  In  the  laboratory 
tests  very  good  performance  regarding  narrow  spectra  and 
selectivity  in  the  receiver  has  been  measured.  Figure  9  shows  the 
transmitted  output  spectrum  in  dB  relative  to  the  carrier,  as  a 
function  of  the  offset  from  the  carrier  frequency.  From  200  kHz 
it  is  comparable  to  most  frequency  hoppers  on  the  market  and 
better  than  PRC  77  in  spite  of  the  faster  modulation  rate 
employed . 

Figure  10  shows  the  selectivity  of  the  radio  as  measured  against 
an  interferer  which  in  this  case  was  a  signal  generator  frequency 
modulated  with  12.5  kHz  deviation  and  500  Hz  frequency.  The  curve 
shows  the  tolerated  interference  level  in  dBm  when  the  friendly 
signal  level  received  by  the.  radio  under  test  is  -120  dBm,  as  a 
function  of  the  frequency  offset  of  the  interferer.  Here  the  CORA 
radio  outperforms  most  frequency  hoppers  on  the  market  from 
approximately  100  kHz. 

The  sensitivity  measured  in  the  laboratory  for  2.4  kb/s  and  BER 
10-3  is  approximately  -126  dBm.  This  figure  is  expected  to 
improve  in  the  future  due  to  improvement  in  certain  components  in 
the  receiver  and  transmitter.  The  BER  as  a  function  of  the  signal 
power  received  by  the  radio  is  extremely  steep  as  expected  for 
the  multilevel  signalling  employed.  We  have  so  far  not  been  able 
to  measure  any  residual  Bit  Error  Rate,  because  it  is  too  small. 
This  means  that  for  a  packet  radio  network  with  messages  of 
reasonable  lengths  the  residual  BER  m  the  radio  is  unimportant. 
The  sensitivity  level  for  readable  voice  is  approximately  6  dB 
higher  than  for  2.4  kb/s,  and  for  16  kb/s  data  with  BER  10-3 
approximately  10  db  higher 

In  the  field  tests,  the  result  was  that  2.4  kb/s  data  was 
received  with  BER  10-3  or  better  with  the  same  or  smaller  power 
than  PRC  77,  when  the  voice  in  the  latter  system  was  just 
readable.  Somewhat  higher  power  was  necessary  for  voice  in  the 
CORA  radio,  and  16  kb/s  (BER  10-3)  data  communication  was 
demonstrated  with  approximately  10  dB  higher  power.  Because  of 
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the  DS  principle  involvec  multipath  was  not  a  problem.  Delays  up 
to  100  usees  was  measured  with  the  CORA  radio. 

The  last  two  figures  show  the  prototype  radio  with  an  external 
terminal  and  a  private  soldier  using  the  CORA  radio  both  for  voice 
and  data  purposes  during  the  trials.  (Note  that  CORA  can  receive  FM 
voice  and  DSSS  data  at  the  same  time  and  at  the  same  frequency!) 


DIRECT  SEQUENCE  SPREAD  SPECTRUM: 


INFO 

BITS: 

o 

1 

0 

CODE 

BITS: 

0001101 

1110010 

0001101 

REQUIRES  CORRELATOR  LENGTH  L 
REQUIRES  INCREASED  BANDWIDTH 


JAM  RESISTANCE  INCREASES  L  TIMES 

Fig.  3  Direct  Sequence  Spread  Spectrum  principles 


ORTHOGONAL  SIGNALING: 


EXAMPLE:  4  LEVELS: 


DATA  BITS  CODE  TRANSMITTED 


00  1 

01  2 

10  3 

11  4 


.  TWO  BITS  PER  CODE  TRANSMITTED 
.  BANDWIDTH  REDUCED  BY  FACTOR  2 
.  RANGE  INCREASED 
.  CORRELATOR  LENGTH  THE  SAME 
.  RECEIVER  MORE  COMPLEX 


Fig.  4  Orthogonal  Signalling  principles 


APR  1 £  ' SO  10: Zb  h 


CORA  DATAFORMAT  : 


Fig .  5  CORA  Dataf ormat 


RADIO  TYPE:  FIXED  FREQUENCY,  DIRECT  SEQUENCE  SPREAD  SPECTRUM 
FREQUENCY  RANGE:  30  -  88  MHz  IN  25  kH2  STEP 
TX  BANDWIDTH:  40  kHz 
RX  BANDWIDTH:  45  kHz 
CHANNEL  SEPARATION:  50  kHz 

DATA  RATES:  2.4kb/s,  16  kb/s  and  low  rata  data,  150  b/s 

VOICE:  FM  AND  16  kb/s  DELTA 

PROCESSING  GAIN:  24  dB  and  15  dB  plus  coding  gain  for  lower  raisss 

SENSITIVITY:  BETTER  THAN  -  120  dBm  for  2.4  kb/s 
MODULATION  TYPE:  NONCOHERENT  ORTHOGONAL,  DSSS,  MSK 

PUNNED  PRODUCT  IMPROVEMENTS  : 

ANTENNA  NULLSTEERlNC  SYSTEM 
FORWARD  ERROR  CORRECTION  BY  RS  CODING 


Fxg.  6  CORA  Specifications 


RANGE  COMPARISON,  CORA/FSK 


1.  16  kb/s  BER  10-3 

FSK  CORA  RANGE  GAIN 
Eb/No:  11  dB  5.5  dB  36  % 


2.  2.4  kb/s  BER  10  -  3 

FSK  CORA  RANGE  GAIN 

Eb/No  13.2  dB  4.5  dB  66  % 


Fig.  8  Range  Comparison  CORA  -  FSK 


Fig.  9  CORA  spectral  characteristics 


Fig.  12  From  Field  Trials  of  CORA 


1 
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DISCUSSION 


D.  ROTHER 

What  is  your  anti-jam  margin  in  a  50KHz  channel  bandwidth  ? 

AUTHOR'S  REPLY 

It  we  define  :  Margin  M  =  acceptable  S/I  BER  10_^,  then 
Margin  M  o'  -  lOdB  for  white  noise  case. 

M  much  better  for  sinusoidal  case. 

P.J.  MUNDAY 

The  comments  made  by  the  author  on  the  following  aspects  of  frequency  hopping 
are  injustified  : 

1  -  Anti-jam  margin. 

2  -  Synchronization  time. 

3  -  Coloration  of  radios. 

k  -  Working  with  antenna  nulling. 

My  question  is  :  how  can  you  get  a  processing  gain  of  15dB  by  spreading  a 
16kb/s  signal  up  to  only  50KHz  ? 

AUTHOR'S  REPLY 

No  reply  was  given  in  the  meeting. 


K.S.  KHO 

1  -  How  about  the  frequency  allotment  .  Today  allotment  is  based  on  25KHz 

rastering. 

2  -  For  the  backward  interoperability,  you  implement  FM  mode.  It  means 

two  radios  in  one  case.  What  is  your  comment  ! 

3  -  You  said  FH  can  not  cope  with  multipath.  I  think  before  the  multipath 

is  coming,  the  radio  will  already  be  at  another  frequency. 

AUTHOR'S  REPLY 

1  -  Depends  on  required  isolation  :  25KHz  — ►  lOdB 

50KHz— -W25dB 
lOOKHz— r-v90dB 

2  -  FM  voice  / 2.4  kb  data  can  be  received  simultaneously  at  same  center 

frequency.  FM  sensitivity  •  -  115dBm. 

3  -  FH  dwell  time  a  10ms 

Multipath  delay  <  100  fs 
You  are  therefore  wrong. 
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SUMMARY 

The-  paper  first  reviews  "conventional"  multiple-user/multiple-access  techniques  which 
have  been  employed  on  various  types  of  radio  channels.  These  techniques  are  time- 
division  multiple-access  ( TDMA ) ,  frequency-division  multiple-access  ( FDMA )  and  code¬ 
division  multiple-access  (CDMA). 

Attention  is  then  turned  to  CDMA-type  systems  which  appear  to  offer  promise  of 
reliable  operation  over  dispersive  radio  paths.  Two  main  aspects  are  considered: 

(i)  The  use  of  completely  uncorrelated,  as  opposed  to  near-uncorrelated,  code 
sets.  In  practical  CDMA  systems  designed  to  date,  the  latter  class  of  codes  has  been 
used.  It  is  shown  that  completely  uncorrelated  sets  have  distinct  advantages  - 
particularly  for  packet  data  operations. 

(ii)  The  use  of  collaborative  coding  techniques  to  permit  simultaneous 
transmission  by  several  users  sharing  a  common  channel,  with  overall  transmission 
rates  m  excess  of  that  achievable  with  say  TDMA.  The  paper  describes  the  performance 
of  three  new  collaborative  coding  multiple-access  (CCMA)  schemes,  each  with  two 
users,  under  Gaussian  noise  conditions. 


1  .  INTRODUCTION 

Historically,  radio  communication  has  been  concerned  primarily  with  single- 
transnutter/single-receiver  configurations  and  with  broadcast  modes.  Any  multi-user 
requirements  have  tended  to  be  satisfied  via  combinations  of  these  architectures. 
However,  this  can  be  an  inefficient  way  of  exploiting  available  bandwidth  and  channel 
capacity.  Consequently,  in  recent  years,  more  sophisticated  multi-user  architectures 
have  been  developed  which  allow  a  number  of  transmitters  to  communicate  on  a 
multiple/random-access  basis  with  a  number  of  receivers  -  as  illustrated  in  Figure  1 . 
Here  it  is  required  to  establish  communication  over  a  multiple-access  channel  (MAC) 
between  n  sources  and  m  destinations  in  a  flexible  manner.  In  practice,  n  and  m  may. 
or  may  not,  be  equal. 

It  is  the  purpose  of  this  paper  to  describe  a  number  of  methods  of  achieving  this 
objective  in  the  context  of  dispersive  radio  channels,  eg  in  the  HF  (2  -  30  MHz) 
band.  Digital  data,  as  opposed  to  analogue,  communication  is  assumed;  the  ability  to 
generate  information  m  packet  data  format  when  necessary  is  also  assumed.  It  is 
required  to  pass  the  information  with  as  small  a  delay  as  possible,  and  with 
acceptably  low  error  rates. 


2.  CONVENTIONAL  MULTIPLE/RANDOM-ACCESS  SCHEMES 

For  many  years,  multi-user  packet  data  communication  has  largely  been  confined  to 
combinations  of  simple  single-user  systems  designed  primarily  for  continuous  data 
streams.  The  major  systems  of  this  kind  are  frequency-division  multiple-access  (FDMA) 
and  time-division  multiple-access  (TDMA). 

In  the  case  of  FDMA,  the  message  sources  are  each  assigned  distinct  frequency  sub¬ 
channels  in  parallel  within  an  overall  system  bandwidth;  each  sub-channel  can  be 
utilised  continuously,  but  the  bandwidth  -  and  hence  proportion  of  total  system 
capacity  -  available  to  each  user  is  obviously  restricted.  The  need  to  allow  "guard 
bands"  between  sub-channel  also  reduces  system  efficiency.  FDMA  can  operate  with 
multiple  transmitters,  or  with  a  single  broadcast  transmitter  radiating  all  sub¬ 
channels  simultaneously. 

The  TDMA  technique,  m  contrast  to  FDMA,  allows  each  source  access  to  the  complete 
system  bandwidth  in  uniquely  defined  time  slots.  When  a  slot  assigned  to  a  given 
source  expires,  the  system  protocol  forces  it  to  wait  until  its  next  assigned  time 
slot  in  order  to  continue  its  transmission. 

In  packet  systems  with  priority  and  low  transmission  delay  requirements,  basic  FDMA 
and  TDMA  systems  perform  relatively  poorly.  As  an  example,  consider  an  FDMA  system 
with  100  transmitters:  if,  at  some  instant,  only  one  station  has  a  packet  to 
transmit,  it  will  be  constrained  to  use  its  own  sub-channel  representing  about  1  %  of 
the  total  system  capacity  available  at  that  time.  Hence,  the  transmission  time  is 
expanded  by  a  factor  of  100  in  comparison  with  what  is  theoretically  achievable.  An 


analagous  situation  would  arise  in  the  case  of  TDMA,  with  a  single  transmitter  only 
having  access  to  its  assigned  time  slots.  A  protocol  which  has  been  designed  to 
reduce  this  problem  in  lightly  loaded  systems  involves  the  detection  of  packet 
collisions,  when  two  or  more  sources  attempt  to  transmit  at  the  same  time. 

An  example  of  this  architecture  is  the  ALOHA  system;  here,  terminals  exchange  data 
packets  via  a  single  radio  channel.  The  basic  concept  is  that,  at  low  packet 
generation  rates,  there  will  rarely  be  more  than  one  terminal  ready  to  initiate  a 
packet  transmission  at  a  given  instant.  Each  terminal  is  allowed  to  transmit  an 
uncoded  packet  as  soon  as  it  is  available  using  the  entire  system  bandwidth.  By  an 
appropriate  feedback  mechanism,  terminals  learn  if  their  packets  have  arrived 
successfully  at  the  intended  destinations.  If  two  or  more  terminals  transmit 
simultaneously,  their  packets  are  likely  to  be  corrupted  and  must  be  re-transmitted 
at  a  more  favourable  time.  The  ALOHA  protocol  invokes  random  time  delays  in  order  to 
avoid  repetitive  collisions.  At  low  packet  generation  rates,  the  system  works  well 
since  for  most  of  the  time  there  is  only  a  single  active  source  which  can  act  as  if 
it  were  the  sole  system  user;  packet  delay  is  minimal.  However,  as  generation  rates 
increase,  so  delays  increase.  Since  the  advent  of  ALOKA,  many  more  sophisticated  and 
efficient  schemes  have  been  devised  (Massey,  1985),  their  basic  goal  being  to  exploit 
any  knowledge  of  the  packet  arrival  statistics  in  order  to  keep  the  transmission 
delays  as  low  as  possible. 

One  major  problem  with  the  existing  range  of  collision  algorithms  is  that  they  have 
usually  focussed  on  packet  arrival  statistics,  but  largely  ignored  the  effect  of 
channel  noise  on  transmission  delays;  if  there  is  no  collision,  packets  are  assumed 
correctly  received.  Some  error  control  in  the  form  of  cyclic  redundancy  checks 
(CRC's)  may  be  appended  for  efficient  error  detection,  but  little  attention  is  paid 
to  correction  of  errors.  This  is  evidently  a  more  important  consideration  with 
dispersive  radio  channels  with  relatively  high  levels  of  noise  -  which  may  be 
significantly  non-Gaussian. 

Another  conventional  form  of  multiple-access  strategy  which  has  been  exploited 
practically,  particularly  in  the  field  of  satellite  communication,  is  that  of  CDMA. 
Here,  all  transmitters  share  the  same  overall  transmission  bandwidth,  with  isolation 
being  achieved  by  an  appropriate  choice  of  codes  for  the  terminals.  Figure  2  is  a 
schematic  diagram  of  a  generalised  CDMA  system:  the  sources  S(1)  -  S(n)  are  assigned 
unique  channel  codes,  x  (t)  -  x  (t),  which  have  the  following  2  properties: 

1  n 

(i)  that  their  crosscorrelation  functions  (ccf’s)  are  zero,  or  near-zero,  over 
the  detection  interval  T,  ie 


0  (£j 
ij 


T 


1/T 


x  (t) 
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x  (t  +  X)  dt 
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where  1  4  i  <  n 

1  $  j  n 

i  t  j 

with  Z  being  a  delay  variable; 


0 


(1  ) 


(2) 


(ii)  that  their  autocorrelation  functions  (acf's)  are  impulsive,  or 
approximately  impulsive,  over  the  detection  interval  T,  ie 
T 


(~)  =  1/T  /  x  (t)  x  (t  *Z)  dt  =  f>[Z) 


(3) 


n 


where  1  $  i  $  n 

and6*('C)  is  a  unit  imnpulse  centred  on  ~=  0 


(4) 


At  the  receiving  sites,  matched  filters,  or  correlation  detectors,  are  employed  which 
effectively  compute  the  ccfs  between  the  incoming  composite  received  signal,  y(t), 
and  each  of  the  x(t)  reference  signals.  In  general,  y(t)  will  be  a  combination  cf 
different  numbers  of  transmitted  x(t)  components,  depending  on  how  many  of  the 
sources  S ( 1 )  -  S(n)  are  active  at  any  time.  Thus 

y ( t )  =  x  (t)  +  X  (t)  +  -  +x  (t)  +  ...  +x  (t)  (5) 

a  b  i  k 

where  1  $  a  $  n 

1  $  b  «  n 

(6) 

1  $  i  $  n 
1  ^  k  <,  n 
a<b<...  <i<  ...  <  k 


The  matched  filters  MF(1)  -  MF ( n )  compute  the  ccfs 
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T 

ft  (x)  =  1/T  I  x  (t)  y(t  +  X)  dt  (7) 

x?y  J  i 

0 

where  1  5  i  £  n.  Because  the  group  of  x(t)  signals  forms  an  uncorrelated  set  over  T, 
the  matched  filter  detectors  will  only  respond  when  y(t)  contains  the  x(t)  component 
to  which  they  are  matched.  Therefore,  substituting  from  (5)  into  (7)  yields 


/  (-C) 


Xt Y 
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xLxa 
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(<C) 
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0  (x.) 

X*  X. 
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+ 


XLXk 

In  the  absence  of  noise/interference 
term  will  be  ft  (X) . 


(8) 

it  is  clear  that  the  only  non-zero  (impulsive) 


xi  xl 

If  the  x(t)  set  is  chosen  correctly,  all  transmitters  can  transmit  simultaneously  in 
the  same  overall  channel  bandwidth  without  interaction,  and  the  matched  filters  will 
only  extract  those  components  to  which  they  are  matched. 


In  practice,  sets  of  periodic  pseudorandom  (pr)  sequences  have  been  employed  as  the 
x(t)  signals  in  CDMA  systems.  The  ccf's  within  such  a  set  are  normally  near-zero, 
rather  than  identically  zero;  hence,  the  superimposed  ccf  components  in  (8)  will  be  a 
source  of  system  "self-noise"  which  will  eventually  cause  a  limit  on  the  number  of 
simultaneous  users.  A  further  practical  problem  with  such  periodic  sequence  sets  is 
the  need  to  acquire  and  maintain  synchronisation  between  transmitting  and  receiving 
terminals  (Darnell  &  Honary,  1986).  The  CDMA  architecture  described  in  the  following 
section  attempts  to  overcome  both  of  these  problems. 


3.  AN  APERIODIC  CDMA  SYSTEM 


The  system  to  be  described  here  is  based  upon  the  use  of  sets  of  aperiodic  (non¬ 
periodic)  waveforms,  known  as  "complementary  sequences",  as  the  x(t)  codes  in  the 
architecture  of  Figure  2.  The  design  minimises  the  problems  of  self-noise  and 
synchronisation  inherent  in  many  CDMA  systems  implemented  to  date. 

3 . 1  Complementary  Sequences 

A  pair  of  binary  aperiodic  complementary  sequences  is  defined  as  comprising  two, 
equal-length  sequences  which  have  the  property  that  the  number  of  pairs  of  like 
elements  with  any  given  separation  in  one  sequence  is  exactly  equal  to  the  number  of 
pairs  of  unlike  elements  with  the  same  separation  in  the  other  sequence  (Golay, 
1961).  This  property  leads  to  the  characteristic  form  of  the  summed  aperiodic  acf's 
of  the  sequences,  ie  that  the  sum  of  the  individual  acf's  is  zero  at  all 
corresponding  time  shifts,  except  at  the  in-phase  (zero-shift)  position  where  it 
takes  the  value  2N,  N  being  the  number  of  bits  in  each  sequence.  Normally 

n 

H  =  2  (n  integer)  (9) 

Reference  4  (Darnell,  1975)  describes  further  developments  of  Golay 's  basic  binary 
sequence  theory,  together  w.ith  methods  for  the  synthesis  of  completely  uncorrelated 
sets  of  binary  complementary  sequences  and  practical  applications  of  such  sets. 

When  it  is  required  to  synthesise  complementary  sets  of  more  than  two  sequences  and 
more  than  two  levels,  the  original  definition  is  no  longer  appropriate  and  a  modified 
definition  related  directly  to  the  set  acf  properties  must  be  adopted,  ie  that  the 
sum  of  the  individual  sequence  aperiodic  acf's  for  all  members  of  the  set  should  be 
zero  at  all  corresponding  shifts,  except  at  the  zero-shift  position  where  it  takes  a 
value  equal  to  the  sum  of  the  squares  of  all  digits  of  all  sequences  in  the  set. 
Figure  3  illustrates  typical  individual  and  summed  acf's  for  a  set  of  4  sequences. 


For  completeness,  a  pair  of  uncorrelated  aperiodic  complementary  sequence  sets  is 
defined  as  a  pair  of  sets  for  which  the  aperiodic  ccf  values  for  corresponding 
sequences  in  each  set  sum  to  zero  at  all  time  shifts.  For  example,  the  two  binary 
sequence  sets,  each  comprising  4  sequences 


Sequence  1 
Sequence  2 
Sequence  3 
Sequence  4 


+1  +1  +1  +1 

+1  +1  -1  -1 

-1  +1  -1  +1 

-1  +1  +1  -1 


-1  +1  -1  +1 

-1  +1  +1  -1 

+  1  +1  +1  +1 

+1  +1  -1  -1 


(10) 


are  both  complementary  and  uncorrelated  in 


the  senses  indicated  previously. 


3.2  Synthesis  Procedures  for  Binary  Sets 

In  Reference  4,  recursive  procedures  for  synthesising  sets  of  binary  complementary 
sequences  are  described.  Assuming  that  the  length  of  each  sequence  in  a  set  is  N, 
then  if  A  and  B  are  sub-blocks  of  length  N/2,  a  pair  of  complementary  sequences  can 
be  synthesised  from  the  block  structures 
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(a)  +A  +B 
+B  -A 

(b) 

+A  +B 
-B  +A 

(c) 

-A  +B 
+8  +A 

(d)  +A  -B 
+3  +A 

(11 ) 

For  example, 
sequence  sets 

if 

A  =  +1 

and  B 

+  +1  , 

then  applying 

11(a)  and  11 (d) 

yields  the  2-bit 

(a) 

+  1  +1 
+  1  -1 

(b) 

+1  -1 
+1  +1 

(12) 

which  are  both 

complementary 

.  Also 

,  the  summed 

non-periodic 

ccf  between  the 

corresponding  sequences  of  12(a)  and  12(b)  is  zero  at  all  time  shifts,  thus 
demonstrating  that  the  two  sets  are  uncorrelated.  Note  that  the  structures  of  11(b) 
and  11(c)  also  provides  a  pair  of  uncorrelated  complementary  sets,  whereas  (a)  -  (b), 
(a)  -  (c),  (b)  -  (d)  and  (c)  -  (d)  do  not. 


If  A  and  B  are  now  redefined  as  12(a)  and  12(b)  respectively,  and  the  basic  structure 
of  11(a)  and  11(d)  again  employed,  two  uncorrelated  sets,  each  comprising  four  4-bit 
sequences  result  ie 


(a)  +1  +1  +1  -1 

+1  -1  +1  +1 
+1  -1  -1  -1 
+  1  +1  -1  +1 


(b)  +1  +1  -1  +1 
+1  -1  -1  -1 
+1  -1  +1  +1 
+1  +1  +1  -1 


(13) 


This  procedure  can  again  be  applied  recursively  with  13(a)  and  13(b)  respectively  now 
representing  the  basic  blocks  A  and  3. 

3.3  Synthesis  Procedure  for  Multi-level  Sets 


The  same  basic  recursive  procedure  can  also  be  employed  to  synthesise  multi-level 
(non-binary)  complementary  sets.  If  +1  and  +2  are  now  chosen  as  A  and  E  in  the 
structure  of  11(a),  and  +3  and  +4  as  A  and  B  in  the  structure  cf  11(d),  the  sets 

(a)  +1  +2  and  (b)  +3  -4 

+2  -1  +4  +3  (141 


are  produced,  which  are  each  complementary.  However,  the  two  sets  are  not  now 
uncorrelated  because  of  the  different  digit  weightings  in  the  two  sets.  If  14(a)  and 
14(b)  are  now  redefined  as  A  and  B  respectively  within  the  structures  of  11(a)  and 
11(d),  the  following  sequence  sets  are  produced: 


(a)  +1  +2  +3  -4 
+2  -1  +4  +3 
+3  -4  -1  -2 
+4  +3  -2  +1 


(b)  +1  +2  -3  +4 
+2  -1  -4  -3 

+3  -4  +1  +2  (15) 

+4  +3  +2  -1 


These  sets  are  both  complementary  and  uncorrelated,  the  latter  property  arising 
because  the  two  sets  now  have  identical  digit  weight  distributions.  Again,  the 
synthesis  algorithm  can  be  applied  recursively  to  give  sets  of  longer  sequences. 

The  multi-level  synthesis  procedures  described  above  can  equally  well  be  applied  to 
produce  non-integer  sequence  sets  if  A  and/or  B  are  chosen  to  be  non-integer  "seeds". 

Further  work  has  been  carried  in  the  following  areas: 

(a)  the  synthesis  of  odd-length  comolementary  sequence  sets  (Darnell  3  Kemp, 
1988) ; 

(b)  the  synthesis  of  more  than  two  uncorrelated  sets  of  complementary  sequences, 
all  having  the  same  dimensions; 

(c)  the  synthesis  of  non-square  complementary  sequence  sets. 

3.4  Application  of  Complementary  Sequence  Sets 

The  application  to  which  uncorrelated  sets  of  complementary  sequences  is  being  put  is 
that  of  aperiodic  CDMA  packet  data  communications  over  dispersive  radio  channels. 
Here,  the  sets  have  a  multi-functional  capability  in  the  sense  introduced  in  (Darnell 
5  Honary,  1986),  ie  they  can  simultaneously  provide  a  capability  for  error  control, 
synchronisation,  multiple-access  and  channel  evaluation  in  an  adaptive  communication 
system  architecture.  In  the  first  instance,  a  multiple  frequency-shift  keying  (MFSK) 
transmission  scheme  of  up  to  8  levels  has  been  chosen  to  interface  with  multi-level 
complementary  sequence  sets;  simple  digital  matched  filter  (tapped  delay  line) 
detectors  are  employed  at  the  receivers. 

A  CDMA  system  is  being  implemented  in  which  uncorrelated  sets  of  complementary 
sequences  are  assigned  to  multiple  transmitting  terminals;  thus,  a  single  radio 
frequency  channel  can  be  shared  by  a  number  of  users  -  theoretically  without 

interaction  since  the  sets  have  identically  zero  ccf's,  rather  than  simply  having  low 
crosscorrelation.  The  number  and  weighting  of  sequence  levels,  the  number  of 
sequences  in  a  set  and  the  sequence  lengths  are  all  adaptable  in  response  in  response 
to  channel  state  and  user  requirements.  The  need  for  synchronisation  preambles  etc  is 
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removed  by  the  impulsive  nature  of  the  aperiodic  icf's  of  the  sequence  sets.  Also, 
the  outputs  of  the  matched  filter  detectors  can  provide  information  on  channel  state 
(RTCE  data)  to  initiate  adaptive  variation  of  system  parameters. 

The  system  being  implemented  is  seen  as  a  vehicle  for  robust,  relatively  low-rate 
packet  data  transmission  over  poor  quality  radio  channels,  eg  with  low-power  HP 
mobile  terminals. 


4.  COLLABORATIVE  CODING  MULTIPLE-ACCESS  TECHNIQUES 

The  collaborative  coding  multiple-access  (CCMA)  technique  permits  potentially 
efficient  simultaneous  transmission  by  several  users  sharing  a  common  channel,  with 
transmission  rates,  in  terms  of  bits/channel,  greater  than  TDHA  (Parrell,  1931). 
However,  such  coding  schemes  require  a  MAC  with  an  output  symbol  value  equal  to  the 
arithmetic  sum  of  the  users'  input  symbol  values. 

As  shown  in  Figure  4,  the  data  from  source  i,  U(i),  where  i  =  1 ,  2,  3,  . . .  ,  T,  is 
encoded  by  encoder  i  according  to  a  uniquely  assigned  block  code  C(i).  The  resulting 
codeword  vector  X(i)  is  then  transmitted  over  the  channel  where  it  combines  with  the 
other  (T  -  1 )  codeword  vectors,  codeword  synchronisation  being  assumed,  to  produce  a 
composite  codeword  vector  Y.  The  single  decoder  at  the  receiver  decodes  Y  into 
estimates  of  the  T  original  data  streams  U ( 1 ) ,  U(2),  ...,  U(T). 

The  T  codes  C(1),  C(2),  ...  ,  C(T)  together  are  called  a  "T-user  collaborative  code", 
where  each  of  the  T  components  is  termed  a  "constituent  code".  If  the  code  C(i) 
contains  M(i)  codewords,  each  of  length  N,  then  the  rate  of  the  ith  constituent  code, 
assuming  all  codewords  are  equiprobable,  is  given  by 

R(i)  =  [log  H(i))/N  (16) 

2 

and  the  rate  sum  for  all  the  T  users'  codes 

RS ( T)  =  R(  1  )  +  R ( 2 )  +  ...  +  R(T)  (17) 

T 

=  (log^  M(i))/N  (13) 


If  all  the  constituent  codes  are  binary  block  codes,  then  the  codeword  vector  X ( i )  is 
an  N-symbol  binary  vector,  le  each  symbol  S(i)  belongs  to  the  set  [0,  1).  Therefore, 
the  channel  output  symbol  S  is  a  composite  arithmetic  sum  of  all  the  T  input  symbols 

S  =  S(1)  +  S ( 2 )  +  ...  +  S (T)  (19) 

T 

=  .S  S(i)  (20) 

i=1 

4.1  Channel  Models 
( a )  Baseband 

The  baseband  channel  considered  here  is  a  T-input  noiseless  adder  MAC.  Each  user's 
input  alphabet  is  the  integer  set  [0,  1),  and  the  output  Y  is  the  sum  of  the  T  inputs 
X(1),  X ( 2 ) ,  ...  ,  X ( T ) ,  ie 
T 

Y  =  X(i)  (21) 

i=1 

where  the  summation  sign  denotes  real  addition.  Therefore,  each  output  symbol  is  an 
integer  from  the  set  [0,  1,  2,  ...  ,  TJ.  For  example.  Figure  5  illustrates  the  case 
where  T  =  2:  each  user  input  symbol  is  taken  from  the  set  (0,  1),  whilst  each  output 
symbol  will  be  an  integer  from  the  set  (0,  1,  2). 

The  collaborative  code  used  in  this  particular  case  is  formed  from  the  two 
constituent  codes,  each  of  block  length  2;  user  1  is  assigned  the  codewords  C(1)  = 
(00,  11)  and  user  2  the  codewords  C ( 2 )  =  (00,  10,  01),  as  shown  in  Table  1  below. 

USER  1 :  C(1 ) 

_ C(1  )  +  C(2)  00 _ 1 1 

USER  2:  C(2)  00  00  11 

10  10  21 

01  01  12  TABLE  1 

It  can  be  seen  from  this  table  that  each  of  the  6  possible  composite  codewords, 
resulting  from  symbol-wise  addition  in  the  channel,  is  distinct  and  can  therefore  be 
unambiguously  decoded  into  its  constituent  codewords.  The  rate  pair  achieved  by  this 
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scheme  is  (R(1),  R(2))  =  (0.5,  0.792);  thus  the  overall  rate  sum  RS(2)  =  R(1)  +  R(2) 

=  1.292  bits/channel  use. 

(b)  Bandpass 

The  channel  model  considered  here  is  a  T-user,  M-frequency,  bandpass  MAC.  It  is 
assumed  that  the  T  users  nave  available  M  sinusoidal  cauierc,  °arh  at  different 
frequencies  F(1),  F(2),  ...  ,  F(M),  and  that  phase-coherence  is  maintained  at  the 

receivers.  During  any  symbol  interval,  I,  each  of  the  users  selects  one  of  these 
frequencies  to  transmit  and  the  receiver  must  then  decide  which  combination  of 
frequencies  have  been  transmitted  during  the  symbol  interval.  It  is  also  assumed  that 
all  the  T  users  are  time  synchronised  so  that  each  user  transmits  its  frequencies 
within  the  same  symbol  time  intervals  as  all  other  users.  Each  tone  must  be  separated 
from  adjacent  tones  in  frequency  by  an  amount  sufficient  to  allow  rejection  of  those 
other  tones  by  the  receiver.  Hence,  choosing  a  frequency  separation  of  1/1  would  give 
a  tone  raster  guaranteeing  a  fixed  energy  per  tone  within  the  symbol  interval,  I,  and 
allowing  fl  orthogonal  tones  to  be  placed  in  an  overall  bandwidth  of  11/ I. 

It  should  be  noted  here  that  the  collaborative  code  used  in  the  work  described  in 
this  paper  is  based  upon  the  codes  constructed  by  (Kasami  8  Lin,  1976)  and  (Kasami, 
Lin  &  Yamamura,  1975).  For  the  2-user  case,  the  User  1  code  C ( 1  )  is  any  linear  (n,  k) 
code  which  contains  the  "all-ones"  word  11. ..1;  the  User  2  code  C(2)  then  comprises 
the  "all-zeros"  word,  all  the  coset  leaders  of  a  coset  array  of  C(1),  but  not 
including  C ( 1 )  and  the  complements  of  those  coset  leaders.  This  construction  results 
in  rate  sum  of  1.292  bits/channel  use;  when  H  =  4,  User  1  has  four  codewords  and  User 
2  nine  codewords.  For  simplicity  of  simulation,  only  8  codewords  are  employed  for 
User  2  to  match  sources  with  k-bit  symbols,  ie 
k 

2  states  (where  k  is  an  integer). 

Such  a  code  construction  for  the  2-user  case  is  shown  in  Table  2  below. 


USER  1  : 

(00) 

--  0000 

USER  2: 

(000) 

--  0000 

k  =  2 

(01  ) 

--  0011 

k  =  3 

(001  ] 

--  0001 

(10] 

--  1100 

(010) 

--  0010 

(11  1 

--  1111 

(011  ) 

—  1000 

(100) 

--  0100 

[101  ] 

—  0101 

(110) 

--  0110 

(111  ) 

—  1001 

TABLE  2 


where  the  square  brackets  show  the  users'  original  data  of  length  k  bits. 

Three  specific  schemes  for  the  bandpass  MAC  are  considered  in  the  following  section. 
4.2  Specific  COMA  Schemes 

(a)  2-User  Bandpass  MAC  with  Matched  Filter  Detection 

Figure  6  shows  the  general  configuration  for  a  T-user  bandpass  MAC  system.  The  ith 
user  is  assigned  transmission  states  FI ( t )  and  F2(t)  as  follows: 

F1(t)  =  cos  (w  )t  for  symbol  S(i)  =  0 

1 

F2(t)  =  cos  (w  +  211/1)1  for  symbol  S(i)  =  1  (22) 

1 

assuming  a  convenient  tone  frequency  w  and  zero  phase  angle. 

1 

During  any  symbol  interval,  the  ith  user  transmits  its  cone  frequency  according  to 
the  above,  ie 

s  (t)  =  S(i)  F2(t)  +  (1  -  S ( i )  ]  F1(t)  (23) 

i 

where  i  =  1,  2,  3,  ...  ,  t.  This  signal  then  combines  over  the  channel  with  the 

signals  transmitted  by  the  other  system  users;  hence,  the  resulting  demodulator 
input,  in  the  absence  of  noise,  is 
T 

s  (t)  =  ^  S(i)  F2(t)  +  (1  -  S ( i ) J  F1(t)  (24) 

r 

i  =  1 

from  which  the  users'  collaborative  codeword  symbols  must  be  recovered.  It  is  clear 
that  only  two  frequencies  are  required  for  the  complete  T-user  system.  For  the  2-user 
case,  the  composite  signal  at  the  receiver  is  of  the  form 

s  (t)  =  S(1 )  F2(t)  +  {1  -  S(1  )  J  FI (t) 

r 

+  S ( 2 )  ?2(t)  +  (1  -  S ( 2 )  1  FI ( t )  (25) 

A  matched  filtering  technique  is  then  employed  to  recover  the  collaborative  codeword 
symbols.  For  example,  to  recover  ?1(t),  the  signal  of  expression  (25)  is  multiplied 
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by  FI ( t )  and  integrated  over  the  symbol  interval,  I,  giving 


I 


s  (t)  FI (t)  dt 
r 


(26) 


The  same  form  o£  processing  is  used  to  recover  F2(t).  The  result  of  the  matched 
filter  processing  indicates  which  frequencies  are  present  in  a  given  symbol  interval 
and  how  many  of  each  frequency  component  are  present.  This  type  of  MAC  is  a.lso 
referred  to  as  a  MAC  with  intensity  information  (Chang  &  Wolf,  1931)  (Omura,  1979). 

(b)  2-User  Bandpass  MAC  with  Square-Lav;  Detection 

A  simple  modulation  scheme  which  provides  users'  data  symbol  addition  over  the 
channel  is  proposed  in  (Brine  S  Farrell,  1985);  the  arrangement  is  shown  in  Figure 
7.  Here,  the  ith  user  is  assigned  the  carrier 

Fi(t)  =  cos  ( (w  +  i  &)t  +  ^(i)l  (27) 

o 

v/here  i  now  can  take  values  0,  1,  2,  ...  ,  (T  -  1  )  and 


w  is  the  carrier  frequency  assigned  to  User  0; 
ow  is  a  fixed  frequency  increment; 


j#(i)  is  an  arbitrary  phase  angle. 


During  any  symbol  interval,  I,  the  ith  user  transmits  an  on-off  keyed  (OOK)  signal 

s  (t)  =  S(i)  cos  {  (w  +  i  S\i)t  +  ^(i)]  (23) 

i  o 

where  S(i)  is  the  ith  user's  constituent  codeword  symbol  taken  from  the  set  [0,  1). 

Assuming  a  noise-free  channel,  the  resulting  demodulator  input  is 


s  (t) 
r 


T-1 

■z 

i=0 


S ( i )  cos 


(w  + 
o 


i  Sw)  t 


0(i)} 


(29) 


from  which  it  is  required  to  recover  the  collaborative  codeword  symbols.  Therefore, 
for  a  2-user  example,  the  demodulator  input  has  the  form 


s  (t) 
r 

If  £~w  is 
separation 
Making  this 


=  S ( 0 )  cos  (w  t  +  ^(0)  ] 

+  S  ( 1  )  cos  l  (w  +  5w)t  +  j/(1)]  (30) 

o 

chosen  to  be  2ir/I,  this  corresponds  to  the  minimum  allowable 
for  tone  orthogonality,  irrespective  of  the  values  of  0) 
substitution  in  (30)  gives 


frequency 
and  pf(  1  ) . 


s  (t)  =  S(0)  cos  (w  t  +  ^(0)1 

r  o 

+  S  ( 1  )  cos  C  (w  +  2  T7/I)t  +  y(1))  (31) 

o 

In  this  system,  the  demodulation  scheme  used  to  recover  the  collaborative  codeword 
symbol  ( S ( 0 )  +  S ( 1 ) ]  is  to  square-lav;  detect  and  then  integrate  over  the  symbol 

interval,  I. 


(c)  2-User  Bandpass  MAC  with  Average  Zero-Crossing  Detection 

A  simple  modulation  technique  to  provide  CCMA  via  amplitude/f requency  assignment  is 
now  considered.  This  technique  is  designed  to  operate  in  conjunction  with  a 
demodulation  scheme  based  upon  zero-crossing  counting.  The  block  diagram  of  this 
system  is  shown  in  Figure  3.  The  ith  user  of  the  system  is  assigned  the  carrier 

A  cos(  (w  +  S  ( i )  ( i  +  1)  <5w)t  +  ft  )  (32) 

3  °  j 

where  i  =  0,  1,  2,  ...  ,  (T-1)  and  j  =  0,  1 ,  2,  ...  ,  (M-1),  with  M  being  the  total 

number  of  frequencies  available.  The  amplitude  of  the  jth  assigned  carrier  is 
denoted  by  the  coefficient  A  . 

3 

During  any  symbol  interval,  I,  the  ith  user  transmits  the  signal 

s  (t)  =  S ( i )  A  cos  t (w  +  S ( i )  ( i  +  1)  £w)t  +  j/  ) 

i  j  o  j 

+  ( 1  -  S ( i ) )  A  cos  t(w  +  S(i)(i  +  1 )  £w)t  +  p  }  (33) 

3  o  3 

Assuming  a  noise-free  channel,  the  overall  demodulator  input  with  T  users  is 
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T-1 

s  ( t )  =  ( S  (  i )  A  cos  [  w  +  S  ( i )  ( i  +  1  )  <5~w )  t  ^  ) 

r  jo  j 

i=0 

+  (1  -  S(i> )  A  cos  [  (w  +  S(i)  (i  +  1  )  <Tw)t  +  ^  ]  ]  (34) 

j  °  3 

from  which  it  is  required  to  recover  the  desired  collaborative  codeword  symbols.  This 
is  achieved  by  counting  the  number  of  zero-crossings  of  the  signal  (34)  per  unit  time 
at  the  receiver,  from  which  the  transmitted  frequency  components  can  be  deduced. 

For  the  case  when  the  composite  signal  at  the  channel  output  comprises  the  sum  of  two 
separata  sinusoidal  components,  the  average  number  of  zero-crossings  per  second 
(ANZCPS)  of  this  composite  signal  (Blachman,  1975) 


s  (t)  =  A1  cos  (2  TV  ?1  t 
r 

is  given  by 

+0)  +  A2  cos 

(2  T?2  t  +  <f) 

(35) 

(l) 

K1 

=  2  FI  if  A1 

A2  and  A1 

(A2 

£ 

-*«* 

CN 

lu 

(36) 

(ii) 

K2 

=  2  F2  if  A2 

A1  and  A2 

(A1 

FI )/F2 

(37) 

( iii ) 

X3, 

and 

where  K3  is 
A1  A2  { A 1 

between  K1  and 
FI )/F2 

K2, 

if  FI  F2 

(38) 

for  the  2-user  case  MAC  with  ANZCPS  demodulation,  three  frequencies  are  needed  and 
only  regions  (i)  and  (ii)  above  are  of  interest,  ie  K1  and  K2.  By  appropriate 
amplitude  and  frequency  assignment,  the  demodulator  output  can  be  made  to  follow  one 
of  the  frequencies  of  the  composite  signal  in  each  symbol  interval.  Therefore,  the 
only  possible  values  of  ANZCPS  for  the  composite  signal  which  can  occur  at  the 
demodulator  input  are 

KO  =  2  FO 

K1  =  2  FI  (39) 

K2  =  2  F2 

The  ampl(tude  and  frequency  assignment  of  the  2-user,  3-frequency  MAC  system 
simulated  was  such  that  FO  FI  F2  and  AO  A1  A2;  Figure  9  shows  this 
assignment. 


5.  RESULTS  OF  MAC  SYSTEM  TESTS 

A  simulation  has  been  carried  out  of  the  situation  in  which  multiple  users  are 
attempting  to  communicate  with  a  number  of  destinations  in  the  presence  of  additive 
Gaussian  white  noise  (AGWN);  T  users,  each  radiating  power  P  are  assumed,  as  shown  in 
Figure  10.  Let 
T 


i  =  1 


where  Y  is  the  channel  output  symbol,  X ( i )  is  the  ith  user  constituent  codeword 
symbol  and  Z  is  Gaussian  white  noise  with  zero  mean  and  variance  N. 

The  general  method  used  for  the  simulation  of  this  situation  for  all  three  bandpass 
MAC  systems  introduced  in  the  previous  section  is  to  generate  many  test  message  bits 
over  a  range  of  normalised  signal-to-noise  ratio  E  /N  . 

b  o 

In  all  three  cases,  the  demodulators  are  preceded  by  bandpass  filters  to  define  the 
bandwidth  of  the  demodulator  input  noise.  The  general  decoding  procedure  in  all  three 
cases  is  based  upon  minimum-distance  decoding  in  which  the  received  codeword  vector, 
Y,  is  compared  with  all  the  possible  outputs.  Typical  plots  of  performance  for  the 
three  2-user  systems  are  shown  in  Figures  11-16,  in  terms  of  each  users  bit  error 
rate  (3ER)  and  overall  system  throughput  efficiency,  both  as  a  function  of  E  ,'N  . 

b  o 


6.  CONCLUDING  REMARKS 

This  paper  describes  a  number  of  CDMA-type  systems  that  are  being  developed  and 
tested  for  use  in  the  dispersive  radio  channel  environment.  The  system  based  upon 
aperiodic  complementary  sequence  sets  would  appear  to  offer  considerable  potential 
for  reliable  and  adaptive  operation  over  poor  paths. 

The  CCMA  scheme  has  the  potential  for  use  with  a  multi-user  radio  MAC,  although  much 
more  work  remains  to  be  done  to  increase  the  number  of  simultaneous  users. 
Theoretically,  it  allows  a  greater  efficiency  of  channel  use  than  TDMA.  Simple 
modulat ion/demodulation  schemes  have  been  implemented  for  practical  2-user  CCMA 
systems  to  provide  symbol  recovery  at  the  receiver  without  ambiguity.  The  performance 


ri¬ 


ot  the  three  systems  tested  is  identical  under  noise-free  conditions  -  as  can  be  seen 
from  the  results  of  Figures  11  -  16;  with  AGWN ,  however,  the  bandpass  MAC  with 
intensity  information  and  optimum  demodulation  gives  the  best  results. 

It  should  be  noted  that  Figures  11  -  16  are  obtained  using  a  particular  coding 
scheme.  Improvements  in  performance  resulting  from  the  use  of  coding  responsive  to 
channel  state  are  currently  being  evaluated. 
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Figure  IS  .  2-User  System  Three  Log 
Output  BER  against  Eb/No. 

(  Freq  Separation=  l/Ts  ) 
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Figure  16  .  2-User  System  Three  Overall 
Throughput  against  Eb/No. 

(  Freq.  Separation=  1 /Ts  ) 
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DISCUSSION 


C.  GOUTELARD 

Des  sequences  compl6mentaires  multiphases  ont  6t&  6tudi4es,  mais  ma  question 
porte  sur  ies  suites  que  vous  proposez  :  vous  formez  un  code.  Quel  est  le 
nombre  de  vecteurs  que  vous  obtenez  pour  une  longueur  de  vecteurs  (nombre 
de  symboles)  donn^e  ?  Enfin,  obtenez-vous  des  fonctions  d ' intercorr61ation 
nulle  et  avez-vous  compard  vos  rdsultats  avec  la  borne  de  Welch  ? 

AUTHOR’S  REPLY 

I  should  be  most  grateful  if  you  could  let  me  have  the  references  you  mention  : 
we  have  not  previously  been  aware  of  these. 

In  theory,  the  number  of  completely  uncorrelated  sets  of  sequences  that  can 
be  synthesized  is  unlimited.  In  practice,  larger  sets  require  longer  sequences, 
which  may  present  a  practical  problem  of  transmission  efficiency.  Since  the 
sets  are  totally  uncorrelated,  any  practical  limit  on  number  of  sets  will 
be  produced  by  channel  effects  which  will  depend  on  channel  type. 

At  present,  we  can  synthesize  sets  with  even  numbers  of  sequences  of  odd 
and  even  length,  both  binary  or  multi-level. 

D. J.  FANG 

What  size  and  what  level  of  collision  rate  allowed  for  your  networks.  Is 
your  transmission  going  to  be  slotted  or  unslotted  ?  My  general  comment  is 
that  your  statment  "No  sync  preamble  is  needed”  may  be  reasonable  only  for 
small  size  and  low  collision  rate  system. 

AUTHOR'S  REPLY 

We  envisage  initially  networks  of  perhaps  5  or  6  HF  terminals.  Since  the 
complementary  sequence  sets  are  completely  uncorrelated,  it  is  not  necessary 
to  use  slotted  transmissions  :  simultaneaous  CDMA  is  possible  to  the  extent  that 
channel  imperfections  will  allow. 

No  preambles  are  required  because  of  the  self-synchronization  properties 
of  the  sequence  sets  by  virtue  of  their  ideal  summed  aperiodic  autocorrelation 
functions . 
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SUMMARY 

This  paper  presents  a  new  VLSI  circuit  which  is  designed  to  perform  encoding  and  decoding  of  almost  all 
Reed-Solomon  and  8CH  codes  (including  generalized  BCH)  using  symbol  sizes  from  1  bit  to  8  bits. 

It  is  fully  programmable  by  many  standard  miciupiocessocs  wnicn  consider  it  like  any  other  more  common  co¬ 
processor. 

Its  architecture  allows  a  high  bit  rate  and  a  great  flexability. 

The  interfacing  protocol  is  optimized  for  minimizing  timing  constraints  (mail  boxes)  and  limiting  program¬ 
ming  effort  :  no  advanced  knowledge  of  codes  is  required  to  use  it. 

RESUME 


On  presente  ici  un  nouveau  circuit  VLSI  congu  pour  effectuer  le  codage  et  le  decodage  de  la  plupart  des 
codes  Reed-Solomon  et  BCH  (dont  les  codes  BCH  etendus)  utilisant  des  symboles  comportant  entre  1  et  8  bits 
d' information. 

Ce  circuit  est  entierement  programmable  par  differents  microprocesseurs  standard  qui  le  considerent  comme 
un  co-processeur  de  codes. 

Son  architecture  permet  a  la  fois  un  debit  elevd  et  une  grande  flexibility. 

Un  soin  particular  a  ete  apporte  au  protocole  d'interfagage  qui  minimise  les  contraintes  temporelles  (sys¬ 
teme  de  "boite  aux  lettres")  ainsi  que  1'effort  de  programmation  qui  ne  necessite  aucune  connaissance  appro- 
fondie  des  codes. 


1.  PRESENTATION 

Les  systemes  de  transmission  de  donnees  numeriques  sont  de  plus  en  plus  nombreux  et  de  plus  en  plus 
exigeants  :  on  cherche  d  transmettre  sur  un  canal  donne  de  plus  en  plus  de  communications  simultanees, 
et  pour  chacune  d’entre-elles,  un  debit  utile  de  plus  en  plus  eleve. 

Lorsque  la  qualite  des  donne'es  regues  est  fondamentale  pour  l’efficacite  de  la  liaison,  ce  qui  est 
courant,  ceci  conduit  b  la  necessite  d'utiliser  des  proce'des  permettant  de  corriger  les  perturbations 
dues  au  canal  lui-meme  (ex  :  canal  HF),  aux  autres  usagers  (canal  encombre)  et/ou  a  des  brouilleurs 
volontaires(liaisons  tactiques  ou  strategiques). 

ue  meme,  pour  un  canal  donne',  la  the'orie  montre  que  1 ’utilisation  d’un  systeme  de  codage  permet  d’ac- 
croitre  le  debit  d1  information  utile,  du  moins  lorsque  la  qualite  de  depart  n’est  pas  t-rop  deqraaee. 

Dans  les  deux  cas,  le  codage  a  utiliser  doit  etre  adapt"  au  niveau  des  perturbations  que  Ton  doit 
supporter,  a  leur  structure  (dispersees  ou  en  paquets),  et  aussi  au  systeme  de  modulation  utilise  :  il 
est  e'vident  que  1'on  doit  utiliser  deux  codes  differents  pour  une  transmission  FSK  1200  bauds  fiiaire 
classique  et  pour  un  systeme  evolue  b  dtalement  de  spectre  par  sequences  orthogonales. 

Enfin,  dans  beaucoup  duplications,  il  est  souhaitable  que,  si  une  partie  du  message  est  trop  perturbee 
pour  etre  correctement  restituee  b  la  reception,  ceci  n'ait  aucune  consequence  facheuse  pour  les  parties 
adjacentes  :  ceci  suppose  1 'utilisation  de  codes  detecteurs  et  correcteurs  d’erreurs  structures  en  blocs. 

un  expose  ci-apres  les  principes  de  ce  type  de  codage  et  la  nature  des  algorithmes  utilises,  avant  ae 
decrire  le  circuit  RSBCH  (du  nom  des  codes  qu'il  met  en  oeuvre)  et  d'en  donner  les  performances  dans 
quelques  cas  signi ficati fs. 

Le  lecteur  desirant  davantage  de  details  sur  les  codes  se  reportera  avec  profit  aux  references  111,  |2|, 
131  et  |4l. 


2.  CODAGE  ET  DECODAGE 
2. 1.  DEFINITION  D’UN  CODE 

Le  message  a  transmettre  est  compose  de  SYMBOLES,  qui  peuvent  etre  des  bits  i soles  ou  des  caracteres 
regroupant  2  bits  ou  plus  (typiquement,  de  2  b  8  bits). 

Les  symboles  sont  regroupes  par  paquets  de  K  symboles  auxquels  on  rajoute  N-K  symboles  de  meme  nature 
pour  former  des  MOTS  DE  CODF  de  longueur  K,  notes  (N,K). 

Le  nombre  de  symboles  rajoutds,  appeles  symboles  de  redondance,  est  fonction  croissante  des  perfor¬ 
mances  du  code  :  plus  ils  sont  nombreux,  plus  grand  est  le  nombre  d'erreurs  qu’il  sera  possible  de 
corriger. 

Ces  symboles  de  redondance  sont  en  effet  deduits  des  K  symboles  originaux  (symboles  d' information) 
par  une  sdrie  d’dquations  connues  b  la  fois  de  1‘emetteur  et  de  recepteur.  Le  recepteur,  ne  connais- 
sant  pas  avec  certitude  le  contenu  du  message  est  oblige  de  supposer  qu'il  comporte  un  certain  nombre 
d'errata  acceptables. 

Les  errata  sont  de  deux  sortes  : 

1.  Les  EFFACEHENTS  :  le  demodulateur  a  un  doute  sur  la  qualite  d'un  symbole  donne,  et  il  le  signale 
au  ddcodeur,  qui  devra  en  reconstituer  la  vraie  valeur  (une  inconnue)  ; 

2.  Les  ERREURS  :  le  demodulateur  a  commis  une  erreur  tranche  et  ne  s'en  est  oas  apergu,  si  bien  que 
le  ddcodeur  devra  b  la  fois  trouver  la  position  de  l’erreur  (une  inconnue)  et  sa  valeur  (deuxieme 
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inconnue) 

Le  nombre  total  d'inconnues  ne  pouvant  depasser  le  nombre  d'equations  disponibles,  le  decodeur  pourra 
corriger  n'importe  quelle  configuration  d'errata  telle  que  la  somme  du  nombre  d'effacements  et  du 
double  du  nombre  d'erreurs  soit  inferieure  ou  egale  au  nombre  d'equations  independantes  disponibles. 

D'une  maniere  generale,  on  choisit  le  systeme  d'e'quations  definissant  le  code  de  telle  sorte  que  le 
nombre  d'equations  inde'pendantes  pour  des  valeurs  de  N  et  de  K  donnees  soit  le  plus  eleve  possible 
et  que  le  codage  et  le  decodage  soient  faisables  de  la  fagon  la  plus  simple  possible  (done  la  plus 
rapide). 

Les  codes  de  base  choisis  ici  sont  les  codes  Reed-Solomon  (RS) ,  qui  presentent  ces  caracteristiques, 
et  qui  soni  les  plus  connus,  done  les  plus  utilises. 

Ces  codes  traitent  intrinsequement  des  symboies  a  piusieurs  bits  (par  exemple,  des  octets). 

On  peut  les  contraindre  b  n’utiliser  que  des  symboies  plus  courts  (done  pouvant  prendre  moins  de 
valeurs  differentes),  ce  qui  conduit  aux  codes  BCH  (symboies  de  1  bit)  et  a  tous  les  codes  inter- 
me'diaires  (appele's  ici  BCH  etendus).  ceci  a  pour  effet  de  rajouter  aux  equations  definissant  le  code 
RS  de  base  des  equations  supplemental" res,  non  independantes  (done  n’ameliorant  pas  les  performances 
en  nombre  d'errata  corriges)  et  d'augmenter  le  nombre  de  symboies  en  redondance  et  reduire  le  debit 
utile. 

La  figure  1  montre,  pour  des  codes  (N  =  63,  K  variable),  Ie  nombre  de  symboies  de  redondance  qu'il 
faut  rajouter  en  fonction  du  nombre  d'erreurs  a  corriger,  pour  un  code  RS  et  les  codes  BCH  (etendus 
ou  non)  qui  s'en  deduisent. 

La  figure  2  donne  la  probability  que  le  decodage  ne  soit  pas  correct  pour  deux  codes  de  redondance 
voisine  de  2  (autant  de  symboies  d' information  que  de  symboies  de  redondance)  de  types  RS  et  BCH  en 
fonction  de  la  probabilite  d'erreur  par  symbole  (de  6  bits  ou  de  1  bit)  en  entree  du  decodeur. 

On  notera  -  et  ceci  est  le  cas  general  -  que.lorsque  cette  probabilite  d'erreur  est  par  trop  elevee 
(par  exemple,  10%  avec  un  code  BCH),  1 'utilisation  d'un  code  degrade  les  performances  au  lieu  de  les 
ameliorer.  II  convient  done  de  choisir  soigneusement  le  code  en  fonction  de  la  qualite  de  bas  de  la 
liaison. 

Une  maniere  efficace  de  proceder  dans  les  cas  diffici les  est  d'interdire  au  decodeur  de  corriger 
s'il  detecte  un  nombre  d'errata  superieur  a  un  seuil  donne.  On  doit  alors  proceder  plus  souvent  a 
des  repetitions  du  message,  mais  ceci  optimise  globalement  le  rendement  de  la  liaison. 

2.2.  ALGORITHHES  OE  CODAGE 

Le  codage  se  fait  comme  indique  plus  haut,  en  calculant  les  symboies  de  redondances  en  tant  que 
combinaisons  LINEAIRES  ponderees  des  symboies  d‘ information. 

Ceci  suppose  Tutilisation  de  multiplications  et  d'additions,  sur  des  nombres  (les  "valeurs'1  des 
symboies)  qui  ne  peuvent  prendre  qu'un  nombre  fini  de  valeurs  :  en  effet,  un  symbole  de  m  bits  ne 
peut  prendre  que  2*m  valeurs  diffe'rentes.  Ceci  est  possible  en  convenant  que  les  symboies  represen- 
tent  des  elements  d’ensembles  finis  appeles  Corps  de  Galois,  ou  de  telles  operations  sont  possibles. 

2.3.  ALGORITHMS  OE  DECODAGE  ■ 

Le  decodage  consiste  a  ecrire  toutes  les  Equations  disponibles  en  supposant  la  configuration  d'errata 
maximale,  puis  b  les  re'soudre. 

Bien  que  les  equations  de  de'part  soient  line'aires,  les  equations  du  decodage  sont  non  lineaires  pour 
les  positions  des  erreurs  (assimilables  a  des  exponentielles  inconnues).  II  existe  cependant  piusieurs 
algorithmes  pour  les  resoudre  en  fournissant  la  solution  la  plus  vraissemblable  parmi  toutes  les 
solutions. possibles.  On  utilise  ici  une  combinaison  de  Talgonthme  de  Berlekamp  |1|  (pour  determine, 
les  positions  des  erreurs)  et  du  decodage  par  transforrie  141  (pour  reconstituer  les  symboies  fausses) 
en  raison  de  leurs  performances  :  rapidite'  pour  1’un,  possibility  de  "vectorisation"  pour  l'autre, 
mise  a  profit  dans  le  circuit. 

2.4.  CODES  TRAITES 

Le  circuit  peut  traiter  la  plupart  des  codes  RS,  BCH  et  BCH  etendus  dont  les  symboies  comportent 
entre  1  et  8  bits  d' information. 

D'une  manibre  generale,  lorsque  le  code  Reed-Solomon  de  base  est  construit  sur  des  symboies  de  m 
bits,  la  longueur  N  des  mots  de  code  est  au  maximum  dgale  b  2‘m-l  (255  pour  des  octets). 

Toutes  les  longueurs  infdrieures  sont  autorise'es,  par  la  m^thode  du  raccourcissement  du  code  :  on 
met  implicitement  b  z4ro  les  premiers  symboies  du  code  ae  plus  grande  longueur,  et  Ton  ne  les 
transmet  pas. 

De  meme,  presque  toutes  les  capacites  de  correction  (dont  se  ddduit  K,  nombre  de  symboies  utiles 
par  bloc)  sont  autorise'es.  Seules  sont  interdites  les  capacite's  tres  elevees  (qui  ne  se  justifient 
pas  dans  la  pratique)  qui  conduiraient  a  un  sur-dimensionnement  inutile  des  memoires  internes  au 
circuit. 

De  plus,  conformdment  a  ce  qui  a  ete  dit  plus  haut,  il  est  possible  de  demander  au  circuit  de 
corriger  moins  d’erreurs  qu'il  ne  pourrait  le  faire  pour  ameliorer  les  performances  de  la  liaison. 

Enffn,  pour  tous  les  codes,  on  fournit  en  entree  du  decodage,  et  pour  chacun  des  symboies  regus  (y 
compris  les  symboies  binaires)  un  bit  de  validation  qui  indique  si  le  symbole  est  presumd  bon  ou 
non  (gestion  des  effacements)  et  le  decodeur  fournit  en  retour  si  on  le  de'sire  des  informations 
sur  le  decodage  :  detection  de  d^passement  de  capacity,  ou  nombre/nature  des  errata  detectes  et 
corrigys.  Ceci  permet  de  gdrer  la  liaison,  notamment  en  adaptant  le  code  aux  conditions  de  transmis¬ 
sion,  ou  encore  en  dytectant  les  mauvaises  synchronisations  (cadrage  errone  des  mots  de  code). 

3.  CIRCUIT  RSBCH 
3.1.  ARCHITECTURE 

L’architecture  generale  du  circuit  RSBCH  a  yte  partiellement  deduite  de  celle  du  codeur-dycodeur 
prysenty  dans  15),  et  est  differente  decelles  proposyes  dans  |6|,  1 7 1 ,  |8|  et  1 9 1 ,  les  trois  derme- 
res  rdfyrences  ytant  plus  particulierementconsacryes  b  la  definition  de  composants  elementaires  des- 
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tines  a  realiser  des  processeurs  adaptes  h  de  tres  hauts  debits. 

Cette  architecture  est  presentee  figure  4. 

Elle  comporte  quatre  ensembles  distincts,  decrits  ci-apres. 

*  SEQUENCEUR  :  le  circuit  est  du  type  microprogramme,  au  meme  titre  que  d'autres  co-processeurs  plus 
connus  (ex  :  68881).  II  ne'cessite  done  un  sequenceur,  qui  est  charge  de  la  lecture^et  de  1‘execution 
du  programme  stocke  en  mdmoire  morte  (ROM),  assiste  d'un  "compteur  de  boucle  polynomiale"  pour  la 
vectorisation  de  certaines  operations  de  codage/decodage. 

*  PROCESSEUR  ARITHMETIQUE  :  ce  processeur  est  essentiellement  une  unite  arithmetique  et  loqique  (UAL) 
simplifide  chargee  de  faire  les  calculs  simples  (additions,  soustractions,  comptages,...)  necessaires 
dans  les  algorithmes  et  les  entrees-sorties. 

*  PROCESSEUR  GALOIS  :  e'est  lui  le  coeur  du  dispositif,  spdcialement  congu  pour  les  traitements  scalai- 
res  et  polynomiaux  dans  les  Corps  de  Galois  (CG). 

Outre  des  raemoires  pour  les  mots  de  codes  et  les  vecteurs  intermediaires,  il  comporte  un  multiplieur 
combinatoire  et  entierement  programmable  pour  s'adapter  a  n'importe  quel  CG  (la  definition  d'un  CG 
se  fait  en  precisant  la  valeur  binaire  d'un  element  particulier,  appele  generateur  du  corps,  compor- 
tant  un  nombre  de  bits  egal  ci  la  largeur  des  symboles  dans  le  code  RS  de  base).  L'ensemble  est  optimi¬ 
se  pour  les  operations  de  multiplication/division  polynomials  qui  sont  la  base  des  algorihtmes 
utilises. 

*  INTERFACE  :  cet  interface  comporte  des  registres  accessibles  directement  de  l'exterieur,  la  logique  de 
dialogue,  et  une  "boite  I  lettres"  (FIFO  :  Fisrt  In,  First  Out;  servant  de  tampon  avec  le  processeur 
hote. 

Des  connexions  du  circuit  sont  rdservdes  h  la  configuration  des  echanges  pour  s'adapter  a  differents 
microprocesseurs  hfttes  :  PSM,  68XX,  680XX,  ADSP2100,  TMS320XX,  8066,... 

3.2.  TECHNOLOG IE 

Le  circuit  est  realise  en  technologie  CMOS  S  gdomdtrie  de  1.25um. 

Sa  surface  est  de  l'ordre  de  SOmnr  ,  et  il  est  presente  dans  un  boTtier  DIL  40  broches. 

Sa  consomraation  est  de  25mU  par  MHz,  soit  250mW  l  la  frequence  maximale  d'horloge  qui  est  de  10MHz. 

Lorsqu'il  n'est  pas  en  train  d'effectuer  des  operations  d'initialisation,  codage  ou  de'codage,  il  se 
met  automatiquement  en  mode  veille,  ou  il  ne  consomme  plus  que  5mW. 

Enfin,  il  comporte  un  auto- test  integre  qui  peut  etre  activd  de  l'exterieur  ou  demarrage. 

3.3.  UTILISATION  OU  CIRCUIT 

Le  circuit  est  enticement  paramdtrable. 

Le  processeur  hote  est  a  tout  instant  en  mesure  de  redefinir  son  mode  de  fonctionnement,  en  precisant 
les  points  suivants  : 

nombre  de  bits  par  symboles  ; 
nature  du  code  :  RS,  BCH,  BCH  etendu  ; 
gdndrateur  du  Corps  de  Galois  ; 

capacite  de  correction  thdorique  des  codes  ci  utiliser  ; 

capacite  de  correction  effective  (infdrieure  ou  dgale  a  la  precedente)  ; 

longueur  des  codes  (deux  longueurs  :  code  normal,  et  code  raccourci,  ce  dernier  etant  generale- 
ment  utilise  en  tant  qu'en-tete  (Header)  des  blocs  de  messages  relatifs  S  un  Change  donne). 

Cette  redefinition  est  suivie  d'un  temps  d'initialisation  aprds  lequel  le  circuit  est  disponible  pour 
des  operations de  codage  ou  ddcodage  sur  l'un  ou  l'autre  des  deux  codes,  sans  phase  de  re-initialisa¬ 
tion. 

Pour  chaque  operation  de  codage,  1'exteiieur  fournit  les  symboles  d’information  du  mot  de  code  (K 
symboles)  et  lit  en  sortie  le  mot  de  code  complet  (N  symboles). 

Pour  un  decodage,  il  ecrit  les  N  symboles  regus  accompagnes  de  leurs  indicateurs  de  validite,  et  lit 
en  sortie  le  rdsultat  de  ddcodage  :  succes/dchec,  nombre  d'errata  en  cas  de  succls,  et  bien  entendu 
le  mot  decode. 

3.4.  PERFORMANCES 

Le  circuit  RSBCH  a  ete  congu  de  telle  sorte  que  le  fait  qu'il  soit  entierement  pararndtrable  n'enleve 
rien  au  niveau  des  performances. 

En  effet,  5  sa  frequence  maximale  d'horloge  (10MHz),  le  debit  utile  (symboles  d' information  seuls) 
ddpasse  aisement  100  Kbits/s  meme  pour  des  codes  de  forte  capacite  de  correction. 

La  figure  5  donne  des  exemples  dans  quatre  cas  caractdristiques. 

code  RS  (31,15)  &  symboles  de  5  bits  (utilise  dans  les  systdmes  JTIDS  et  SINTAC),  veiiiculant 

15  x  5  =  75  bits  d'information  par  mot  de  code,  et  capable  de  corriger  8  erreurs  parmi  31  (ou 

16  effacements,  ou  une  combinaison  d'erreurs  et  d’effacements  ou  le  nombre  d'erreurs  Nberr  et 
le  nombre  d' effacements  Nbeff  sont  tels  que  2. Nberr  +  Nbeff  <  17)  :  1' initialisation  prend 
70us,  un  codage  ndeessite  73us,  et  un  ddcodage  410us,  ce  qui  conduit  ci  un  debit  utile  de 
183Kbi ts/s . 

Code  BCH  (31,15),  qui  ne  corrige  que  3  erreurs  et  un  effacement  suppldmentaire  ou  7  effacements 
ou  erreurs  et  effacements,  ddduit  du  prdeddent  (code  binaire)  :  la  durde  d'initialisation  est 
legdrement  supdrieure  l  celle  du  code  RS,  et,  bien  que  la  durde  d'un  ddcodage  soit  plus  faible 
(270us),  le  debit  utile  est  infdrieur  au  tiers  du  prdeddent,  puisque  le  code  ne  vdhicule  que 
15  bits  d'information  par  mot  de  code. 

Code  RS  (255,223),  S  symboles  de  8  Bits,  corrigeant  16  erreurs  (utilise  par  la  NASA),  dont 
chaque  mot  de  code  vdhicu’e  1784  bits  d'information  (!)  ce  qui  fait  que,  meme  avec  une  durde 
de  ddcodage  de  7.5ms,  le  tidbit  maximum  est  de  238  Kbits/s. 
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Code  BCH  (255,223),  code  binaire  deduit  du  precedent  et  ne  corrigeant  que  4  erreurs,  pour 
lequel  le  debit  est  reduit  de  raoitie  environ  (112  Kbits/s). 

On  rappeile  que  le  circuit  RSBCH  n'est  pas  liraite  aux  seuls  codes  cites  ci-dessus  (voir  figure  3) 
et  que  ses  performances  sont  fonction  du  code  choisi  :  longueur  des  mots  de  code,  capacity  de  correc¬ 
tion,  nombre  de  bits  par  symboles. 

4.  CONCLUSIONS 

Le  codeur-decodeur  de  codes  en  blocs  objet  du  present  article  doit  etre  considere  comme  un  composant 
standard,  d'usage  general  dans  les  transmissions  de  donnees,  tant  en  raison  de  sa  tres  grande  flexi¬ 
bility  que  parce  qu'il  est  d'emploi  aise  et  de  performances  elevees. 

11  assure  a  lui  seul  toutes  les  taches  habitue! lement  realisees  a  grands  frais  par  des  processeurs 
standard  mal  adaptes  done  lents,  et  permet  done  de  laisser  le  processeur  de  gestion  faire  ce  pour 
quoi  il  est  congu. 

ll  represente  pour  cela  un  important  pas  en  avant  par  rapport  ci  l'etat  de  l'art  anterieur  ou  des 
codes  plus  simples  (repetition)  etaient  souvent  mis  en  oeuvre  pour  cause  de  difficulty  (sinon  impos¬ 
sibility)  de  mise  en  oeuvre. 

Son  integration  est  actuellement  en  phase  finale,  et  les  premiers  prototypes  seront  disponibles 
au  debut  de  1989. 
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Figure  1 


Comparaison  des  codes  RS  et  BCH. 

Nombre  de  symboles  de  redondance 
necessaires  pour  corriger  le  nombre 
d'erreurs  figurant  en  abscisse. 

Le  code  de  base  est  du  type  RS(63,K). 

Le  parametre  m  est  le  nombre  de  bits  par 
symbole. 


Figure  2 

Performances  comparees  de  deux  codes  de 
redondance  voisine  de  2: 

-Code  RS(63,31)  corrigear.t  16  erreurs; 
-Code  BCH(63,33)  corrigeant  6  erreurs. 

Les  courbes  donnent,  en  fonction  de  la 
probabilite  d'erreur  en  entree  du 
decodeur,  la  probabilite  que  la  capacite 
de  correction  soit  depassee. 


CODES  Reed-Solomon  et  BCH 


- — - - 4 

Nature 
du  code 

- 4 

N  max 

(longueur  des 
plus  grands 
mots  de  code) 

Capacite  de  correction 
maximale  et 
code  correspondant 

Reed-Solomon 
et  BCH  (*) 

7,  15,  31,  63 
(RS:  3,  4,  5, 
ou  6  bits 
par  symbole) 

Pas  de  limite 

Reed-Solomon 

127 

(7  bits/symb.) 

C  <=  113  :  RS  (127,14)  j 

!  BCH  ( * ) 

127 

C  <=  63  :  BCH  (127,7)  | 

j  Reed-Solomon 

255 

(8  bits/symb.) 

^  C  <■=  120  :  RS  (255,135)  j 

|  BCH  ( * ) 

255 

|  C  <=  119  :  BCH  (255,12)  | 

+ - 4 - + - + 


(*)  Codes  BCH:  1  bit  par  symbole 


CODES  BCH  ETENDUS 

+ - + - + - - + 


Nombre  de 
bits  par 
symbole 

N  max 

(longueur  des 
plus  grands 
mots  de  code) 

Capacite  de  con action 
maxi  male  et 
code  correspondant 

2 

j  15  ! 

Pas  de  limite 

2 

|  63  | 

|  Pas  de  limite 

3 

|  63 

|  Pas  de  limite 

+ - + - + - + 

i  2  |  255  |  C  <-  119  :  BCHe  (255,33)  | 

+• - - - —  —  —  ——  —— f— —  —  — —  —  —  —  —  — +—  —  —  —  —  —  —  —  —  —  —  —  —  — —  —  —  —  —  —  —  —  *f 

I  4  |  255  |  C  <"  119  :  BCHe  (255,80)  | 

+ - + - + - + 


Figure  3 

Tableaux  donnant  la  liste  des  codes  RS  et 
BCH  traites  par  le  circuit  BCH,  ainsi  que 
les  codes  BCH  etendus. 

La  capacite  de  correction  C  est  le  nombre 
maximum  d'effacements  qui  peuvent  etre 
corriges;  le  code  peut  corriger  quand  la 
relation  suivante  est  verifi.ee: 

2.Nb  erreurs  +  Nb  effacements  <  C+l 


*~i  ..jTi  •  1  "•  — "  ---lr^u' 
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Figure  4 


Architecture  generale  du  circuit  RSBCH 
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Code  utilise 

C 

Init 

(us) 

Codage 

(us) 

Decodage 

(us) 

Debit 

UTILE 

(Kbits/s) 

RS  (31,15) 

16 

70 

73 

410 

183 

BCH  (31,15) 

7 

100 

73 

270 

56 

RS  (255,223) 

32 

4000 

1500 

7500 

238 

BCH  (255,223) 

— 

8 

5500 

b - 

800 

b - 

2000 

h - 

112 

- + 

Figure  5 

Temps  d' execution  des  differentes 
operations  et  debit  utile  maximum 
possible  pour  4  codes  BCH  et  RS. 
L' initialisation  ne  doit  etre  effectuee 
que  lorsqu'il  v  a  changement  de  codes. 

La  capacite  de  correction  C  a  la  meme 
definition  que  celle  utilisee  figure  3. 
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DISCUSSION 


K.S.  KHO 

1  -  Could  give  me  some  reasoning  behind  the  choice  of  RS  and  BCH  coding 

schemes. 

2  -  Could  we  make  a  combination  of  RS  &  RS  instead  of  RS  and  BCH,  based  on 

your  graph  which  shows  that  RS  performs  better  than  BCH.  What  would  be 

the  problem  if  you  make  a  RS  &  RS  combination  ? 

AUTHOR'S  REPLY 

1  -  RS  codes  are  among  the  most  powerful  error /erasure  correcting  codes. 

They  are  also  the  best  known  ones  and  there  exists  simple  and  efficient 

algorithms  for  coding  and  decoding. 

BCH  codes  are  a  subset  of  RS  codes,  where  the  symbols  are  constrained  to 
be  binary  (two  valued). 

2  -  The  graph  shows  that  RS  performs  better  than  BCH  and  that  intermediate 

codes  have  intermediate  performances. 

No  code  combination  is  investigated  here. 


C.  C-OUTELARD 

Comment  programmez-vous  vos  codes  :  par  le  polynome  gdndrateur  ou  par  un 
autre  moyen  ? 

Par  ailleurs  comment  faites-vous  les  multiplications  sur  les  corps  de  Galois  ? 
Est-ce  par  Tables  ? 

AUTHOR'S  REPLY 

1  -  La  programmation  des  codes  se  fait  en  indiquant  au  circuit  : 

-  la  nature  du  code  (BCH,  RS,  ...) 

-  la  longueur  des  mots  de  code  (deux  codes  diffdrents) 

-  la  capacity  de  correction  thdorique  et  la  capacity  de  correction 
effective  demandde  (mfdneure  ou  dgale) 

-  l'dlementt*  gdndrateur  du  corps  de  Galois  souhaitd. 

2  -  Le  multiplicateur  est  de  type  combinatoire ,  avec  "pipe-line"  :  upe 

multiplication/accumulation  se  fait  en  une  seule  instruction. 

D. J.  FANG 

Have  you  developed  the  external  processor  required  for  given  instructions 
to  your  monolithic  processor  discussed  in  your  paper, the  coding  algorithm 
(BCH-RS  concatenation,  blocksize,  etc...)  on  an  instantaneous  basis  ?  If 
this  external  processor  is  yet  to  be  developed,  how  can  one  use  your  coding 
processor  for  real-time  adaptive  application  ? 

AUTHOR'S  REPLY 

1  -  The  external  processor  is  a  standard  off-the-shelf  processor  (68xx, 

68xxx,  TMS320,  8086,  ADSP2100)  ;  it  considers  the  RS  BCH  like  any  other 
coprocessor/peripheral  (ex  :  68881/2,  ACIA,  SSDA,  MMU ,  ...). 

2  -  It  can  change  the  codes  at  any  time,  and  this  change  is  under  its  own 

responsibility,  considering  for  example  the  number  of  errors  detected 
by  the  RS  BCH,  which  is  available  as  a  by-product  of  decoding. 
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DISCUSSION 


U.  SEIER 

How  did  you  solve  the  synchronization  problem  under  the  aspect  of  block 
lengths  of  up  to  255  symbols/block  ? 

AUTHOR'S  REPLY 

The  host  processor  can  read  the  number  of  errors  which  have  been  detected 
by  the  circuit. 

If  the  demodulator  or  any  external  device  indicates  good  reception  conditions 
and  if  the  RS  BCH  detects  systematically  errors,  this  is  an  out-of-lock 
condition  :  the  external  processor  has  to  shift  the  symbol  input  streams. 
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MINIMISATION  DU  COUT  DE  TRANSFERT  DE  L' INFORMATION 
DANS  LES  TRANSMISSIONS  HF  A  ETALEMENT  DE  SPECTRE 


C.  GOUTELARD  -  J.  CARAIORI 

Laboratoire  d‘ Etude  des  Transmissions  Ionosphdriques 
94230  CACHAN  -  FRANCE 


RESUME 


L'dtalement  de  spectre  est  une  technique  bien  connue  qui  prend  cependant  un  aspect 
particulier  en  HF  A  cause  de  la  dispersivitd  du  canal  et  des  interferences  particuliArement 
importantes. 

Les  contr-intes  imposdes  par  ce  canal  et  leurs  effets  sur  le  signal  sont  analyses.  Les 
caractenstiques  du  bruit  et  des  interferences  sont  determinees  par  une  sdrie  de  mesures 
sur  lesquelles  est  applique  un  calcul  statistique. 

Les  effets  des  contraintes  dues  au  canal  et  aux  interferences  sont  pris  en  compte 
pour  definir  differentes  strategies  possibles.  II  est  alors  montre  qu’il  est  possible 
de  minimiser  le  cout  de  transfer t  de  1 1 information  defini  par  la  quantite  d'energie 
ndcesaire  pour  transmettre  un  Shannon  d 1  Information  dans  le  cas  d'un  etalement  du 
spectre  parfait  ou  semi  parfait. 

La  comparaison  des  differentes  strategies  est  faite.  Le  choix  peut  etre  effectue  par  la 
complexite  toldrde  des  operations  A  effectuer  pour  la  detection. 


I.  -  INTRODUCTION  - 

L' utilisation  de  larges  bandes  dans  Le  domaine  des  ondes  decametriques  se  heurte  A 
deux  types  de  problAme. 

Le  premier  est  lid  directement  aux  caractdristiques  du  canal  dont  la  dispersivitd ,  si 
elle  n'est  pas  corrigde,  introduit  des  distorsions  inadmissibles . 

Le  second  est  cause  par  les  interferences  extrdmement  fortes  dans  ce  domaine  et  qui  font 
que  la  puissance  du  bruit  ne  varie  pas  lindairement  en  fonction  de  la  largeur  de  bande 
utilisde,  mais  plus  rapidement. 

Le  transfert  de  1 ' information  par  etalement  de  spectre  pose  le  problAme  du  choix 
optimum  de  la  bande  utilisde  et  des  taux  de  compression  susceptibles  d'itre  atteints. 

On  examine  dans  cet  article  les  limites  imposees  par  le  canal  et  1 ' encombrement 
spectral  sur  les  bandes  d'dtalement  possibles  dans  la  zone  Europe  occidentale.  II 
ressort  de  cette  dtude  que  les  bandes  utilisables  sont  infdrieures  A  celles  que 
souhaitent  les  utilisateurs .  Une  stratdgie  consistant  A  masquer  les  parties  brouilldes 
du  spectre  est  alors  examinde.  Le  compromis  entre  l'altdration  du  signal  et  la  rdduction 
du  bruit  fait  apparaitre  la  valeur  optimale  de  la  bande  d'dtalement  A  choisir. 
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L' application  aux  cas  concrets  du  spectre  HF  donne  les  ordres  de  grandeur  de  ce  que 
l'on  peut  attendre. 

II.  -  LIMITATIONS  APPORTEES  PAR  LE  CANAL  IONOSPHERIQUE  - 

Les  ondes  AlectromagnAtiques  dAcamAtriques  sont  utilisAes  dans  les  propagations  par 
refractions  ionosphAriques  pour  les  liaisons  grandes  distances  et  le  mAcanisme  de  ces 
propagations  est  bien  connu. 

DiffArents  facteurs  affectent  ces  propagations  : 

-  Le  milieu  est  dispersif  et  les  effets  des  variations  du  temps  de  groupe  ont 

d'abord  AtA  AtudiAs  par  les  distorsions  introduites  sur  la  propagation  des 

impulsions  de  courte  durAe  par  BUDDEN  [1961],  SUNDE  [1961],  EPSTEIN  [1968]  et 

autres.  MILSON  et  SLATOR  [1982]  ont  cherchA  les  limites  des  bandes  utilisables 

dans  le  cas  de  transmissions  en  Atalement  de  spectre  par  des  sequences  directes 

et  par  des  sauts  de  frequence.  Ces  auteurs  donnent  pour  des  sequences  directes 

15  1 

une  vitesse  de  modulation  Cr  =  ( - ! — ) 2  symboles  par  seconde  pour  une  perte  de 

dTg/df 

3dB  du  rapport  signal/bruit ,  ou  dTg/df  est  la  dArivAe  du  temps  de  propagation 
par  rapport  A  la  frequence.  Pour  des  pentes  de  10  ps/MHz  la  vitesse  de  modulation 
est  de  387  kbands  et  de  122  kbauds  pour  une  pente  de  100  ps/MHz. 

Dans  le  cas  d' Atalement  par  modulation  de  frequence  ces  memes  auteurs  donnent 
une  bande  utilisable  : 


Be  <  - - - 

10  Hr  dT£ 
df 

ou  Hr  est  la  frequence  des  sauts. 

Cette  bande  est  imposee  par  les  limites  de  la  gigue  de  phase  quj.  ne  doit  pas 
excAder  le  dixiAme  de  la  durde  d'un  palier. 

Ainsi,  pour  une  pente  de  10  ps/MHz  et  Hr  =  3KHz,  la  bande  utilisable  est 
Be  =  3,3MHz  et  elle  vaut  encore  330KHz  pour  une  pente  de  100ps/MHz. 

-  Le  milieu  est  anisotrope  et  les  deux  modes  de  propagation,  ordinaire  et  extra¬ 
ordinaire,  inseparables  par  les  critAres  temporels,  altArent  la  fonction  de 
transfert  dans  laquelle  apparaissent  les  caracteristiques  des  Avanouissements 
sdlectifs.  Ce  phAnomAne,  l'effet  Faraday,  introduit  des  Avanouissements  profonds 
lorsque  les  deux  modes  sont,  au  lieu  de  reception,  d'amplitudes  comparables.  La 
frequence  d'Amission  joue  un  role  important  et  les  bandes  utilisables  [Salons  1985] 
dAlimitAes  par  les  Avanouissements  dApassant  6dB,  pauvent  varier  dans  une  grande 
plage  s'Atendant  jusqu'A  1MHz  avec  des  valeurs  typiques  de  100  A  200KHz. 

-  La  non  stationaritA  du  canal  introduit  des  variations  de  sa  fonction  de  transfert 
dont  la  correction  par  des  systAmes  auto  adaptatifs  est  par dculiArement  ardue 

en  large  bande. 

-  Les  trajets  multiples  peuvent  §tre  sAparAs  par  des  critAres  temporels  si  la 
bande  d'Atalement  est  suffisante. 

Dans  le  cas  oA  ils  ne  le  sont  pas,  comme  par  exemple  au  voisinage  des  frequences 
de  jonction,  ils  introduisent  des  Avanouissements  sdlectifs  dans  la  fonction  de 
transfert . 
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-  La  presence  d ' irrdgularitds  ionosphdriques  introduit  des  focalisations  secondaires, 
des  effets  Doppler,  des  absorptions  qui  sont  susceptibles  de  modifier  encore 

les  caractdristiques  du  canal. 

Ces  effets  sont  bien  connus  et  ont  6t6  dtudids,  pour  certains,  depuis  trbs  longtemps. 

Des  modems  ou  des  syst&mes  expdrimentaux  ddveloppds  dans  les  dernibres  anndes  [6]  [7], 
ont  montrd  que  des  bandes  d'dtalement  de  l'ordre  de  lOOKHz  pouvaient  §tre  utilisdes 
sans  que  celA  constitue  une  borne  supdrieure. 

Les  caractdristiques  de  transmission  du  canal  ne  sont  pas  les  seules  limites  imposdes 
&  l'dtalement  de  spectre  dans  le  domaine  ddcamdtrique .  L'encombre.nent  spectral  y  est 
tr&s  important  et  1 ' dlargissement  de  la  bande  d'dtalement  se  traduit  par  une  diminution 
du  rapport  signal/bruit  [8]. 

La  figure  1  donne  un  exemple  de  1 ' encombrement  spectral  que  l'on  peut  observer  en 
Europe  occidentale. 

La  puissance  de  bruit  mesurde  dans  la  bande  d'dtalement  Be  est,  dvidemment,  une  fonction 
croissante  de  Be.  Lorsque  le  bruit  est  blanc,  il  est  bien  conu  que  sa  puissance  croit 
de  lOdB  par  ddcade  et  que  le  rapport  signal  h  bruit  apr&s  ddcompression  est  inddpendant 
de  la  largeur  de  bande. 

Une  dtude  de  1 ' accroissement  du  bruit  en  fonction  de  la  bande  d'dtalement  montre  que 
celui-ci  croit  avec  une  pente  supdrieure  h  10dB/d4cade  [&] .  La  courbe  de  la  figure  2 
reprdsente  un  exemple  de  variation  de  la  puissance  de  bruit  dans  la  plage  de  largeur 
Be  la  moins  brouillde  choisie  dans  un  intervalle  de  1MHz. 

Ces  rdsultats  montrent  que  la  croissance  du  brouillage,  par  rapport  au  bruit  blanc 
augmente  de  3dB  pour  des  bandes  d'dtalement  de  l'ordre  de  20KHz  et  qu'elle  peut 
atteindre  20dB  pour  une  bande  d'dtalement  de  1MHz. 

Dans  ces  conditions,  on  conqoit  que  le  brouillage  apporte  une  limitation  A  1 ' augmentation 
de  la  largeur  de  la  bande  d'dtalement.  En  dessous  de  20KHz,  1 ' augmentation  n'apporte 
pas  de  penalisation  sensible,  mais  pour  des  lageurs  plus  grandes  1 'augmentation  de 
la  puissance  du  brouillage  devra,  A  qualitd  de  reception  constante,  §tre  compensde 
par  une  augmentation  dgale  de  la  puissance  d'dmission  qui  rend,  &  la  limite,  inutile 
l'dtalement  du  spectre. 

Le  problAme  traitd  dans  cet  article  concerne  la  presentation  d'une  methode  de  masquage 
des  brouilleurs  qui  a  ete  proposee  par  differents  auteurs  [9],  [10] 

III.  -  OPTIMISATION  D'UNE  RECEPTION  PAR  MASQUAGE  DES  BROUILLEURS  - 
Nous  considdrons  : 

-  Que  le  signal  obtenu  aprAs  etalement  du  spectre  possAde  un  spectre  S (to)  dont  le 
module  est  uniforme  sur  l'intervalle  [-Jlo,  Jlo]  et  ddfinissable  par 

p  *  <50 

|  S  ( co)  |  2  =  —  I  [  o+ilo)  -  <5"(  w  + u>0 -JLo)  +  $  (to-  u>o  +  Jlo)  ] 

2  I  -  <J"(  co  -  coo  -Slo)  ]  d  co 

c/_  oo 

ou  S(x)  est  1' impulsion  de  Dirac. 

Cette  loi  correspond  aux  parties  utiles  des  spectres  des  principales  techniques 
d’dtalement,  et  est  optimale  dans  le  cas  d'un  bruit  blanc. 
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-  Que  la  detection  effectude  est  optimale  en  presente  de  bruit  blanc. 

-  Que  le  masquage  consiste  &  dliminer  les  parties  du  spectre  ou  le  niveau  de 
brouillage  est  trop  important. 

Avec  ces  hypotheses,  on  considdrera  que  la  detection  est  optimale  si  la  marge  de 
detection  est  maximale.  Cette  marge  est  reduite  par  le  masquage  du  fait  de  1' alteration 
du  signal  mais  accrue  par  1 1  elimination  des  brouilleurs.  Le  compromis  optimum  rdsulte 
des  actions  inverses  de  ces  deux  effets. 


La  demodulation  du  signal  etaie  transpose  en  bande  de  base  se  ramdne  done  A  une  operation 
de  correlation  du  signal  requ  avec  la  rdplique  du  signal  dmis.  En  1' absence  de  brouilleur, 
le  spectre  du  signal  en  bande  de  base  So(<y)  dont  le  carrd  du  module  s' exprime  par 

|  So<co)  |  2  =  Ao  If  0(w+41o)  -  $  (w>-iZo)]  doj 


a  pour  fonction  de  correlation 


C(r)  =  2Ao/Lo  sine  (  -Ao  'C  ) 
ou  sine  (x)  =  sin  x/x. 


Si  on  effectue  un  masquage  des  brouilleurs  en  plagant  N  fenetres  de  largeur  2  Al"Li 
centrdes  sur  des  pulsations  _fi_  i  (figure  3)  la  fonction  de  correlation  s'exprime  par 

C(r)  =  —  sin(Aor)  -  y.  sin(  AfLi  v  )  cos(ili  r  )  (1) 

'T'  r 


Le  second  terme  reprd^ente  la  deformation  de  la  fonction  de  correlation  provoqude  par 
les  masquages. 

Si  l'on  note  : 

C-p(c)  =  sin(^iT.it')  cosC-f^-iC) 

1  f 

i  e  N 

cette  quantite  represente  une  grandeur  aldatoire  dont  le  moment  d'ordre  1  est  nul, 

A  des  effets  secondaires  prAs,  et  dont  on  peut  calculer  la  variance  : 

(T  P(r)  =  E  (c2o(c)) 

ou  E(x)  denote  l'espdrance  mathdmatique  de  la  variable  aldatoire  x. 

Le  calcul  peut  §tre  mend  en  supposant  que  le  nombre  de  fenetres,  compte  tenu  de  l'encom- 
brement  spectral,  est  important.  On  admet  d'autre  part  que  les  variables  aldatoires 
A -Hi  et  ,Q.i  sont  statistiquement  inddpendantes  et  ont  des  distributions  uniformes 
respectivement  notdes  pa(x)  et  Pjn.(x)>  telles  que  : 

p  £,  ( x )  =  - pour  x  &  (c  A  Ao,  A  1*2.  o  ] 

(1-c)  Ailo 

PdCx)  =  0  pour  x  ^  [c  A -do,  Alio] 

et  : 

Pjv(x)  =  - pour  x  e  [alio,  bflo]  b  <  a 

(b-a)  ST.  o 

p.n.(x)  =  0  pour  x  ^  (alio,  bXLo] 

Alors  : 

2  2 

CP  p  ("C )  =  ■4A°|!  l-sinc(  (1-c)  AAo  t  )cos(  (l+c)A-fio£)][  l+sinc(  (b-a)A.c  tr  )cos(  (b+a)I"lo  f)  1 

•c2 


Cette  expression  se  simplifie  si  c  =  0,  a  =  0  et  b  =  1,  c'est-A-dire  dans  le  cas  ou 
les  distributions  sont  uniformes  h  partir  de  0. 

Alors  : 
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O-p(t)  =  AfirQoAo 
AX1o-c2 

ou  : 

d  =  N  AD-o  _ 
SLo 


[1-sinc  (2  A-fl-o  f  )  ]  [1+sinc  (2ilof)l 

somme  des  bandes  masqudes 
banae  totale 


(2) 


Cette  expression  qui  suppose  _fl  i  et  A  fl  i  independants  n'est  plus  valable  quand  <>i 
tend  vers  1 . 


La  consequence  de  1' existence  des  fenetres  de  masquage  se  traduit  par  : 


-  Une  diminution  de  la  valeur  de  C('C=0)  qui,  compte  tenu  de  la  relation  (1) 
et  du  fait  que  la  valeur  moyenne  de  2  A-fli  est  <2  Af"Li>  =  AXlo,  s’dcrit  : 


C(  r=0)  =  2ko(-0-o  -  N  A  jflo)  soit 
C(  ^=0)  =  2Ao  -Q.  o  (1  -  CX  ) 


-  Un  accroissement  de  l'amplitude  des  lobes  secondaires 

correlation  dont  la  variance  donnee  par  (2)  peut  etre 
2 

(T m  en  remarquant  que  sine  (2flo  r)  tend  rapidement 


de  la  fonction  de 

bornde  par  une  valeur 

vers  zdro.  II  vient  alors  : 


m  =  A2  -flo  AJTL  o 


o< 


II  est  intdressant  de  faire  apparaitre  le  rapport  •. 

R  _  Energie  du  signal  sans  masquage _  _  Eo 

Densitd  spectrale  de  bruit  moyen  sans  masquage  no 

Alors  on  dispose  de  trois  fonctions  : 

2  2 
C1  (  V  =  0)  =  R  no  (1  -©f) 

<T,  2m  =  \  R  no  (-^2)  * 

1  3  jxo 

n(«)  densitd  spectrale  moyenne  de  bruit  qui  prend  la  valeur  no  pour  =  0. 


Le  critdre  d ' optimisation  conduit  au  choix  de  <X  optimum  qui  maximalise  le  rapport 
signal/bruit  aprds  demodulation  : 


S/N  = 


cl2  (r  =0) 
(Ti'M+n(«) 


Ce  rapport  apparait  comme  une  fonction  de  <X  qui  peut,  selon  les  variations  de  n(°0, 
presenter  un  maximum. 


Si  le  bruit  est  blanc  S/N  est  maximum  pour  o<  =  0.  Dans  les  autres  cas  le  maximum 

existe  si  >  o  p0ur  <X  =  0. 

d  oi 

II  est  simple  de  voir  que  si  R  est  dlevd  le  masquage  est  inutile. 

La  figure  4  montre  les  rdaultats  d'un  cas  typique  d ' encombrement  spectral  (figure  4-a) 
dans  une  plage  de  AOOKHz  dans  laquelle  on  a  cherchd  la  meilleure  position  d'une  bande 
d'dtalement  de  200KHz.  On  a  tracd  (figure  4-b)  les  courbes  n(«),  <T^2  +  n(«)  et 
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n 

(T=  0)  qui  permettent  de  ddduire  la  courbe  (S/N)  =  f(e<)  (figure  4-c)  ou  apparait 
la  valeur  optimale  <Xopt. 

La  figure  5  donne  les  rdsultats  pour  3  cas  typiques  rencontrds  dans  le  spectre 
ddcamdtrique .  Les  courbes  (S/N)  =  f(«)  montrent,  pour  diffdrentes  bandes  d'dtalement, 
les  valeurs  optimales  des  . 

IV.  -  CONCLUSION  - 

L' encombrement  spectral  de  la  gamme  ddcamdtrique  apporte  une  penalisation  importante 
dans  les  syst&mes  h  dtalement  de  spectre  dfes  que  la  bande  ddpasse  20KHz. 

Le  procddd  de  masquage  des  brouilleurs  apporte  une  solution  acceptable.  Le  compromis 
entre  1 'alteration  du  signal  et  la  reduction  du  bruit  conduit  A  un  choix  optimum  des 
parties  masqudes. 

Ce  choix  peut  etre  fait  h  la  reception  par  l'analyse  locale  du  spectre  A  I'aide  d'un 
systAme  adaptatif. 
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FIGURE  1  :  Exemple  d 1 encombrement  spectral  de  la  gamme  ddcamdtrique 


SPECTRE  DE  7  a  23  MHz 


FIGURE  2  :  Variations  de  la  puissance  de  bruit 

en  fonction  de  la  bande  d'dtalement  Be 
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FIGURE  3  :  Masquage  du  spectre  d'dtalement 


FIGURE  4  :  Determination  de  la  valour  optimale  de  alpha 


FREQ  CENTRRLE  -  8.5  MHz 
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DISCUSSION 


J.  HOFFMEYER 

Do  you  plan  to  construct  a  prototype  direct  sequence  spread  spectrum  HF 
system  3nd  interference  suppression  system  and  do  you  plan  on  making  experi¬ 
mental  measurements  of  the  effect  of  interference  suppression  on  spread 
spectrum  system  performance  ? 


AUTHOR'S  REPLY 

Nous  sommes  des  Universitaires  et  nous  n'avons  pas  la  vocation  de  construire 
des  systAmes  qui  doivent  etre  AtudiAs  par  des  industriels  dont  c'est  le 
mAtier.  Par  contre  nous  avons  fait  des  mesures  et  nous  avons  rAalisA  des 
expAriences  pour  juger  des  performances.  II  est  facile  Agalement  de  faire 
des  simulations.  Les  rAsultats  que  nous  avons  obtenus  sont  en  bon  accord 
avec  le  calcul. 


G.  OSSEWAARDE 

The  use  of  spectral  gaps  turns  out  to  be  very  effective.  The  gaps  give  a 
very  high  suppression  of  certain  parts  of  the  spectrum. 

Other  parts  of  the  spectrum  on  the  other  hand  are  not  attenuated  at  all. 
The  transition  between  the  two  areas  is  quite  abrupt. 

How  can  these  spectral  gaps  be  realised  ? 


AUTHOR'S  REPLY 

II  est  bien  Avident  que  lorsque  l'on  effectue  des  calculs  il  faut  se  dAfinir 
un  modAle.  Celui  que  nous  avons  adoptA  rApond  bien  aux  critAres  que  vous 
citez  et  ils  peuvent  §tre  approchAs  avec  d 'excellentes  prAcisions  par  les 
traitements  numAriques  du  signal  ou  d'autres  mAthodes.  Par  exemple  pour 
citer  un  cas  simple,  dans  le  cas  d'un  Atalement  par  rampe  linAaire  de 
frAquence  (chirp)  ce  type  de  filtre  est  simplement  rAalisA  par  une  fenetre 
temporelle.  Dans  d'autres  cas  on  peut  recourir  avec  efficacitA  aux  techniques 
numAriques. 


Geoffrey  F.  GOTT 

Although  this  has  been  a  theoretical  paper,  the  experimental  work  outlined 
in  paper  18  has  shown  that  the  instrumentation  of  effective  excision  is 
feasible,  certainly  for  the  narrower  bandwidth  suggested.  Prof.  GOUTELARD 
has  indicated  alternative  instrumentation  philosophies  for  excision,  namely 
the  use  of  transversal  filters,  and  the  time  gating  of  the  output  of  a  real 
time  spectrum  analyser,  with  subsequent  real  time  transformation  to  the  time 
domain.  I  believe  that  both  of  these  approaches  are  entirely  equivalent, 
and  suffer  from  the  same  inherent  problems. 

It  is  also  relevant  to  add  that  our  experience  on  spectral  analysis  of  HF 
interference  indicates  that  significant  gaps,  at  the  atmospheric  noise 
floor  level ,  clearly  exist  between  signals  (outside  the  broadcast  bands). 

Such  gaps  persist  typically  for  substantial  periods,  occasionally  for  hours 
when  the  ionosphere  is  in  a  stable  condition. 
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DISCUSSION 


AUTHOR'S  REPLY 

Je  partage  tout  A  fait  votre  opinion.  Dr  GOTT.  L' excision  du  spectre  est 
techniquement  realisable  par  diffdrents  procddds  dont  le  choix  doit  etre 
fait  de  faqon  spdcifique  pour  obtenir  la  complexity  minimale. 

D'autre  part,  les  relevds  expdrimentaux  le  prouvent,  il  est  possible,  sur 
les  bandes  d'dtalement  envisageables  dans  cette  bande,  de  pratiquer  des 
excisions  qui  n'altArent  pas  trop  les  signaux  tout  en  ddtruisant  la  plupart 
des  brouillages. 
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SUMMARY 

The  synchronisation  techniques  described  in  this  paper  are  applicable  to 
both  narrowband,  multiple  frequency-shift  keyed  (MFSK)  digital  transmission  sys¬ 
tems  and  wideband  frequency-hopping  systems.  The  techniques  do  not  require  spe¬ 
cific  synchronisation  "overheads"  to  be  incorporated  into  the  transmissions,  but 
operate  using  the  normal  traffic  signal  formats.  It  is  required  that  digital 
signal  processing  is  employed  at  the  receiver  for  the  procedures  to  be  effec¬ 
tive.  Three  distinct  synchronisation  methods  are  discussed: 

(a)  modulation-derived  synchronisation; 

(b)  code-derived  synchronisation; 

(c)  combined  modulation-  and  code-derived  synchronisation. 

1 .  INTRODUCTION 

Imperfect  synchronisation  is  one  of  the  major  causes  of  error  in  digital 
communication  systems.  There  are  typically  two  elements  to  the  synchronisation 
problem,  ie 

(a)  bit  or  symbol  synchronisation; 

(b)  block  or  frame  synchronisation. 

The  establishment  of  bit/symbol  synchronisation  does  not  necessarily  remove 
the  need  for  block/frame  synchronisation  because  of  timing  drifts  due  to  effects 
such  as  changing  Doppler  shift,  varying  multipath  structure,  etc  during  the 
block/frame  interval.  In  this  paper,  both  block/frame  and  bit/symbol  synchroni¬ 
sation  procedures  are  described. 

Traditionally,  most  radio  communications  synchronisation  requirements  have 
been  met  by  a  process  of  "initial"  synchronisation,  via  say  a  preamble  code, 
followed  by  a  "flywheel"  synchronisation  procedure  involving  timing  extraction 
from  symbol  transitions  and/or  the  use  of  inserted  segmenting  information.  The 
techniques  for  synchronisation  described  here  require  no  synchronisation  "over¬ 
heads",  such  as  preambles  or  inserted  segments,  but  function  entirely  on  the 
unmodified,  information-bearing  signal  formats.  If  reception  is  interrupted  for 
any  reason,  the  procedures  will  recover  synchronisation  automatically  after  the 
discontinuity. 

The  concept  of  "multi-functional  coding"  has  been  defined  by  the  authors 
(Darnell  &  Honary,  1986)  to  describes  source  and  channel  coding  schemes  designed 
to  perform  two  or  more  simultaneous  functions  within  the  overall  architecture  of 
a  communication  system,  eg  error  control,  multiple-access  coding,  modulation, 
etc.  The  techniques  described  in  the  following  sections  are  simple  examples  of 
multi-functional  coding  in  that  they  involve  combinations  of  modulation,  error 
control,  real  time  channel  evaluation  (RTCE)  and  synchronisation. 


2.  TECHNIQUE  I:  MODULATION-DERIVED  SYNCHRONISATION 

The  modulation-derived  synchronisation  (MDS)  procedure  is  a  new  symbol 
synchronisation  method  with  a  multi-functional  capability  for  synchronisation 
acquisition  and  maintenance,  demodulation  and  RTCE.  It  can  be  applied  in  modems 
that  employ  digital  signal  processing  techniques  to  operate  on  the  received 
waveform.  The  method  was  originally  developed  for  multiple  frequency-shift  keyed 
(MFSK)  transmission  systems,  but  can,  with  simple  modification,  also  be  applied 
in  other  binary  and  multi-level  modem  types. 

The  principle  of  MDS  will  now  be  described  by  reference  to  a  specific  ex¬ 
ample  of  an  8-tone  MFSK  system.  Consider  the  received  signal  to  be  sampled  at 
intervals  of  6t,  with  n  successive  samples  being  equivalent  to  one  symbol  (tone) 
interval.  The  procedure  outlined  below  effectively  implements  a  digital  matched 
filter  at  every  sampling  instant.  This  is  achieved  at  any  sampling  time  T„,  by 
computing  the  integral  (or  summation)  of  the  product  of  the  most  recent  n 
samples  with  the  sampled  sine  and  cosine  components  of  the  M  tones.  The  summa¬ 
tions  are  then  processed  to  define  M-dimensional  vectors  in  M-dimensional  signal 
space  (MDSS);  this  is  achieved  by  evaluating  the  modulus  of  the  summation,  I, 
for  corresponding  sine/cosine  pairs,  ie  at  time  T„ 


r 
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r.(n6t=T.) 

=  {[  E  f (i)  sin(w„i6t)  32  +  t  E  f(i)  cos(wmi6t)  ]2}1/2  (1) 

i=1 

where  1  <  ra  s  M,  f(i)  are  the  samples  of  the  received  signal  and  wm  is  the  tone 
frequency. 

When  T.  coincides  with  a  symbol  transition,  with  tone  wm  being  transmitted, 

then 


1  (  Tm  .  m  >  =  Em  (  2  ) 

the  total  symbol  energy.  For  other  tone  frequencies  wkl  (  k  =j=  m) 

I  <-r»  ,  u  >  =  0  (3) 

If  T.  does  not  coincide  with  a  symbol  transition,  and  tone  wm  is  transmit¬ 
ted,  then 

I ; t* . m >  <  Em  (4) 

and 

I<T«.U)=0  (5) 

The  above  applies  to  the  case  of  a  perfect,  noise-free  communication  channel. 
For  practical  channels,  the  ratio 

[  I2  for  the  tone  giving  maximum  I  ]2 

C«a  - -  (6) 


[  sum  of  I2  values  for  all  M  tone  detectors] 
is  computed,  ie 


C<«  > 


,  b«nt  ton* ) 


M 

E  I<T..3>2 

j-1 


(7) 


C„  is  thus  a  measure  of  detection  confidence  at  instant  T„ .  As  the  instant  T„ 
advances,  so  the  detection  vector  describes  a  stepped  course  through  mdss. 

In  order  to  derive  the  phase  of  the  data  clock  at  the  receiver,  it  must  be 
assumed  that,  within  reasonable  limits,  the  period  of  the  transmitter  clock  is 
already  known  -  a  reasonable  assumption  in  most  practical  situations  It  is  then 
required  that  the  I  values  obtained  at  the  receiver  should  be  processed  to  yield 
clock  timing.  The  series  of  C»  values  is  suitable  for  this  purpose  since  it 

contains  a  strong  component  at  the  clock  frequency  which  is  independent  of  the 
sequence  of  tones  transmitted. 

It  can  >?,  seen  that,  under  noise-free  conditions,  C.  will  take  the  value 
unity  when  T.  coincides  with  a  symbol  transition;  when  this  coincidence  does  not 
occur,  C.  will  be  less  than  unity.  Hence  a  clock  periodicity  is  present  as  long 
as  symbols  are  being  transmitted  sequentially.  When  a  sequence  of  similar  sym¬ 
bols  occurs,  the  value  of  C.  will  remain  constant,  but  this  is  likely  to  be  a 
sufficiently  infrequent  event  so  as  not  to  inhibit  the  maintenance  of  correct 
synchronisation . 

In  the  case  of  an  8-tone  HFSK  transmission  system,  the  maximum  and  minimum 
values  for  C„  are  1  and  1/V8.  Figures  1  and  2  show  plots  of  C.,  both  filtered 
and  unfiltered,  for  conditions  of  additive  Gaussian  White  noise.  Also  shown  are 
the  corresponding  digital  matched  filter  outputs  M,  -  Mo  In  Figure  1,  the  ef¬ 
fective  overall  signal-to-noise  ratio  (SNR)  in  the  total  channel  bandwidth  is  3 
dB,  whilst  in  Figure  2  it  is  0  dB. 

In  practice,  the  nature  of  the  C»  and  the  matched  filter  outputs  will  be  leter- 
mined  by  channel  and  noise  characteristics.  It  can  be  seen  that  the  value  of  C. 
for  each  of  the  symbols  in  the  MFSK  tone  array  is  in  fact  a  measure  of  detection 
confidence  and  can  be  used  as  a  source  of  RTCE  data.  Such  RTCE  data  can  be  used 
to  improve  the  performance  of  both  demodulation  and  decoding  procedures;  it  can 
also  assist  in  the  optimisation  of  the  number  of  MFSK  tones,  M,  in  response  to 
channel  state  (  Shaw,  Honary,  &  Darnell,  1988). 


3.  TECHNIQUE  II  :  CODE  DERIVED  SYNCHRONISATION 

Code-derived  synchronise. .on  (CDS)  is  an  effective  method  of  block  synchro¬ 
nisation.  In  this  scheme,  t«.e  power  of  the  code  is  used  for  both  error  control 
and  time-drift  correction.  CDS  is  basically  a  decoding  method  which  not  only 
correlates  the  received  codewords  with  all  the  possible  codewords,  but  also  per- 
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forms  correlation  in  time  (over  one  code  word  interval)  for  every  possible  code¬ 
word.  The  CDS  system  operates  in  the  following  manner.  Assume  a  code  of  dimen¬ 
sion  (n,k)  is  used  (where  n  is  the  'block  length  of  the  code  and  k  is  the  number 
of  information  bits  in  a  codeword) ;  the  number  of  codewords  is  then  2It.  At  the 
receiver  2n  bits  of  the  received  data  are  stored,  the  decoder  then  uses  these 
bits  to  decide  the  best  time-shift  and  the  best  codeword,  so  as  to  minimise  the 
number  of  errors  for  that  particular  codeword  interval.  This  is  achieved  by  com¬ 
paring  all  the  possible  2*  codewords  with  the  received  sequence.  For  each  code¬ 
word,  the  received  sequence  is  compared  against  the  time-shifted  versions  (by  y, 
where  0  s  y  <  n)  of  the  codeword,  the  number  of  errors  for  each  of  the  n 
time-shifts  is  then  recorded.  In  this  way,  a  two-dimensional  array  can  be  formed 
for  every  decoding  pass,  the  contents  of  which  give  the  number  of  errors  for 
codeword  i,  at  time  shift  Y-  The  format  of  this  array  is  shown  in  Table  1. 


time  shift  y 

0 

2 

3 

4 

5  . 

n-1 

codeword 

i 

0 

1 

2 

• 

2*-1 

Table  1 


The  decoder  then  searches  through  this  array  and  determines  the  best 
codeword /time- shift  combination. 


As  an  example,  the  CDS  system  has  been  implemented  using  the  (7,4)  Hamming 
code.  Fig.  3  shows  the  decoding  pass  for  one  such  codeword,  where  block  synchro¬ 
nisation  occurs  at  time  shift  4,  with  no  errors.  Fig. 4  shows  a  similar  graph, 
but  for  all  the  codewords  for  one  decoding  pass.  The  y  direction  on  the  graph  of 
Figure  4  depicts  all  the  16  codewords,  with  the  deviation  from  the  horizontal 
lines  indicating  the  number  of  errors.  It  is  seen  that  synchronisation  occurs 
with  codeword  13  at  time-shift  4,  and  with  codeword  10  at  time-shift  5.  This  am¬ 
biguity  could  be  eliminated  if  more  than  one  codeword  is  considered. 

The  major  application  of  the  CDS  approach  would  appear  to  be  in  supporting, 
or  enhancing,  other  synchronisation  techniques. 


4.  TECHNIQUE  III  :  COMBINED  MODULATION  8  CODE-DERIVED  SYNCHRONISATION 

The  combined  modulation-  and  code-derived  synchronisation  (CMCDS)  scheme 
contains  elements  of  both  the  MDS  and  CDS  approaches  described  in  the  previous 
two  sections.  A  particular  realisation,  termed  code-assisted  bit  synchronisation 
(CABS),  is  described  here  in  the  specific  context  of  a  4-tone  MFSK  transmission 
system. 

The  tone  frequencies  are  chosen  such  that  they  are  orthogonal  over  the  symbol 
interval.  In  CABS,  the  processes  of  demodulation  and  decoding  are  combined; 
hence  the  need  for  a  separate  timing  recovery  (either  carrieT-  or  symbol)  is 
eliminated.  In  combining  the  processes  of  demodulation  and  decoding,  a  half-rate 
binary  convolutional  code  is  used  in  conjunction  with  a  soft-decision  Viterbi 
decoder,  rather  than  a  block  code,  to  perform  the  main  function  of  CABS.  The  de¬ 
coder  therefore  performs  both  symbol  timing  recovery  and  error  correction.  This 
is  achieved  by  divic  ,g  every  trelli3  in  the  decoder  trellis  diagram  into  n 
sub-trellises,  where  n  is  the  number  of  samples  within  a  symbol  interval.  The 
decoding  is  then  carried  out  for  every  L  sub-trellises  separated  in  time  by  the 
symbol  interval  (where  L  is  the  search  length  of  the  decoder);  this  process  is 
repeated  for  all  the  sub-trellises  within  any  arbitrary  symbol  time.  The 
soft-decision  information  to  the  decoder  is  obtained  via  a  set  of  matched  fil¬ 
ters  whose  outputs  are  sampled  n  times  within  every  symbol  interval. 

In  an  attempt  to  reduce  the  complexity  and  the  processing  load  of  the  sys¬ 
tem,  a  simple  4-state  convolutional  code  is  used.  The  CABS  transmitter  system 
operates  in  the  following  manner: 

(a)  A  message  sequence  is  encoded  using  the  1 /2-rate  convolutional  code  into  a 
code  sequence. 

(b)  To  each  code  word,  C  e  {  00,01,10,11),  an  MFSK  tone  is  allocated  and  trans¬ 
mitted  in  the  allocated  symbol  time  interval,  T».  The  tone  allocation  is  as 
shown  in  Table  2  below. 
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Codeword 

Tone  frequency 

00 

f  o 

01 

£  t 

10 

£  2 

11 

fa 

Table  2 


The  receiver  in  the  CABS  environment  take  the  following  steps  : 

(a)  The  incoming  baseband  tones  are  sampled  n  times  at  a  sampling  frequency  of 

f.. 

(b)  For  each  of  the  tones,  the  in-phase  (I±3)  and  the  quadrature  (Q±i)  compo¬ 
nents  are  evaluated,  where  i  is  the  tone  number  (0  <  i  <  3)  and  j  is  the  sample 

number  within  a  symbol  (0  £  j  <  n)  where 


n  =  T/f..  (8) 

{ c )  At  each  sampling  instant,  k,  within  an  arbitrary  frame,  a  4-tuple  magnitude 
vector  M*  is  evaluated,  where  M*  is  given  by 

M*  =  {Mo*,  Mi*,  M3*,  M3*}  (9) 

where  M±*  is  the  magnitude  of  the  output  of  the  matched  filter  i  (0  <  i  <  3)  at 
the  sample  reference  number,  k  (where  (0  <  k  <  n)),  within  an  arbitrary  frame  of 
duration  T„,  integrated  over  the  past  n  samples.  Mi*  is  therefore  given  by: 


Ic  Zt  Zt 

Mi*  =  £  V  (  Ii;J  +  Qi3) 

3  — 


(10) 


In  this  manner,  for  any  arbitrary  symbol  interval  T»,  n  4-tuple  magnitude  vec¬ 
tors  can  be  evaluated. 

(d)  Starting  at  any  arbitrary  point  in  time,  magnitude  vectors,  M*,  for  h  suc¬ 
cessive  symbol  intervals  are  stored. 

(e)  The  Viterbi  decoder  is  then  used  to  resolve  both  time  and  symbol  ambi¬ 
guities.  The  decoder  operates  on  L  successive  M*  vectors,  separated  in  time  by 
exactly  one  symbol  interval  T„.  The  soft-decision  metric  assignment  is  as  fol¬ 
lows: 


Too*  -  Mo*  Foi*  =  Ml*  r i ok  =  Ma*  r,  , *  =  M:i*  (11) 

where  Ti^*  is  the  metric  assigned  to  the  code  word  (ij)  at  time  slot  k  within  an 
arbitrary  symbol  interval. 

(f)  The  decoder  then  determines  the  most  likely  path  through  the  trellises.  The 
confidence  of  this  path,  the  decoded  bit  and  the  time-shift  are  stored.  The 
above  operation  is  then  repeated  n  times  with  a  time-shift  of  1/f„  being  ap¬ 
plied  at  each  step.  In  this  way,  the  decoding  is  performed  for  all  the  possible 
available  time-slots  within  any  arbitrary  symbol  interval. 

(g)  Finally,  the  most  likely  path  (ie  the  one  with  the  highest  confidence)  among 
the  n  possible  stored  paths  is  chosen  as  the  CABS  system's  decision  for  that 
particular  symbol  interval.  The  decoded  bit  associated  with  this  path  is  then 
output.  Symbol  timing  information  is  then  derived  from  the  time-shift  associated 
with  the  chosen  path. 

The  performance  of  the  CABS  system  has  been  studied,  using  simulation  tech¬ 
niques,  over  an  additive  white  Gaussian  noise  channel.  For  this  simulation  study 
the  following  system  parameters  have  been  used: 


Parameter 

Value 

L 

15 

T 

3.9  mSec 

f_ 

lOKHz 

f  o 

1285Hz 

f-. 

1542Hz 

f  2 

1799Hz 

fa 

2055Hz 

Table  3 
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Fig. 5  shows  the  output  bit  error  rate  (BER)  of  the  CABS  system  as  a  func¬ 
tion  of  Eto/No.  Eu/No  is  given  by: 

Eb/No  =  10  Log-, o( 9.75/c*)  (12) 


where  Eb  is  the  energy  per  information  bit,  No  is  the  one-sided  noise  power 
spectral  density  and  o  is  the  standard  deviation  of  the  noise.  The  size  of  the 
test  message  was  10s  bits. 

The  performance  of  the  CABS  algorithm  and  conventional  demodulation 
schemes,  both  coherent  and  noncoherent  (Proakis  1983),  for  4-tone  MFSK  data  de¬ 
tection  is  plotted  in  Fig. 5  for  Gaussian  noise  conditions.  In  addition  the  out¬ 
put  of  CABS  detector  provides  information  on  symbol  timing,  in  the  same  way  as 
the  MDS  system  described  previously,  thus  giving  a  multi-functional  capability. 


5.  CONCLUDING  REMARKS 

The  three  synchronisation  schemes  described  in  this  paper,  ie  MDS,  CDS  and 
CABS,  all  depend  for  their  operation  on  the  availability  of  digital  signal  proc¬ 
essing  at  the  communications  system  receiver.  They  illustrate  how  the  digital 
processing  architecture  at  the  receiver  can  be  used  in  a  manner  that  is  uniquely 
digital,  rather  than  simply  simulating  classical  analogue  processing  procedures. 

All  three  synchronisation  procedures  have  the  major  practical  advantage  of 
requiring  no  specific  synchronisation  overheads  in  the  form  of  preambles  or  seg¬ 
menting  information.  They  can  be  applied  either  individual  or  in  combination. 
Although  discussion  has  centred  on  MFSK  transmission,  the  techniques  can  be  eas¬ 
ily  adapted  for  other  binary  or  multi-level  transmission  formats. 
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fig.  i  Hatched  Filter  Response  and  Cn  Filter  IP  and  OP  3dB 
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FIG.  2  Matched  Filter  Response  and  On  Filter  IP  and  OP.  9dB  SHE. 
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rig.  3  Example  of  code  derived 
synchronisation 
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DISCUSSION 


Geoffrey  F.  GOTT 

The  code-derived  synchronization  appears  to  be  based  on  the  principle  of 
fundamental  decoding,  whereby  the  received  codewords  are  compared  to  stored 
replicas  of  all  possible  codewords.  The  Hamming  code,  used  as  an  example 
by  the  authors  ,  may  be  instrumented  simply,  but  the  technique  may  rapidly 
become  impracticable  as  the  code  complexity  increases. 

AUTHOR'S  REPLY 

This  a  valid  comment.  However,  in  the  HF  context,  the  codeword  size  is 
usually  relatively  small,  thus  the  decoding  complexity  is  not  imprac¬ 

ticable. 

Certainly,  at  low  transmission  rates  (less  than  a  few  hundreds  of  bits/s) 
this  is  not  likely  to  be  a  computational  problem. 

D.J.  FANG 

I  assume  you  are  still  talk  about  HF  applications.  For  an  HF  network  even 
that  consists  of  5  terminals,  it  is  a  complicated  one  in  the  aspect  of 
clocking.  The  multipath  effect  practically  shifts  the  clock  timing  all  the 
time  and  it  is  not  possible  to  establish  a  standard  clock  for  an  HF  network 
such  as  the  case  for  a  satellite  network.  In  view  of  that,  I  have  problem 
to  accept  your  conclusion  that  "Synchronization  overhead  is  not  required". 
Please  comment. 

AUTHOR'S  REPLY 

The  technniques  described  in  the  paper  are  essentially  to  enhance  the 
accuracy  of  "flywheel"  synchronization  by  providing  additional  synchronization 
information  from  other  sources  such  as  demodulators  and  decoders.  If  fast 
initial  synchronization  is  required,  it  may  well  be  necessary  to  attach 
preamble  sequences, i.e. overheads.  In  general,  I  believe  that  themore  sources 
of  synchronization  that  are  available  at  the  receiver,  the  better. 
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SYNCHRONISATION  DES  TRANSMISSIONS  EN  EVASION  DE  FREQUENCE 
EFFET  DU  SURECHANTILLONNAGE 


J.P.  VAN  UFFELEN 

TOT,  5  Avenue  Reaumur,  92350  LE  PLESSIS-ROBINSON,  France 


1  -  INTRODUCTION 


Toutes  les  crnmnicaticns  rurfficxgs  necessitent  pour  leur  itablis;  ement  la  ;  ynchronisation  du  recepteur 
par  rapport  au  message  a  recevoir.  Au  ccurs  de  cette  periode  d ' initialisation,  plusieurs  phases  sont 
a  distinguer  : 

.  La  synchronisation  de  sequence  de  saut  de  frequence  dans  le  cas  d'une  communication  utilisant 
1' evasion  de  frequence. 

.  La  synchronisation  de  mot  ou  de  trame  dent  le  but  est  de  definir  1' instant  d'arrivee  du  message 
et  de  retrouver  la  trame  de  celui-ci. 

.  La  synchronisation  de  symboles  quelquefois  appelee  synchronisation  de  bit  et  qui  permet  de  de¬ 
finir  1' instant  de  prise  de  decision. 

.  La  synchronisation  de  porteuse  dans  le  cas  de  demodulation  coherente. 

On  peut  egalement  considerer  la  synchronisation  du  chiffre  dans  le  cas  de  communications  cryptees 
et  la  synchronisation  de  la  sequence  d'etaleme.nt  de  spectre  pour  les  transmissions  de  ce  type. 

Dans  cette  communication ,  nous  nous  interessons  principalement  a  la  synchronisation  de  mot  et  de 
sequence  de  saut  de  frequence  et  de  son  impact  sur  la  synchronisation  symbole. 


2  -  POSITION  DU  PROBLEME 


Pour  synchroniser  une  sequence  de  saut  de  frequence  ou  la  trame  du  message,  le  recepteur  doit  re- 
connaitre  un  mot  dit  mot  de  synchronisation,  identifiant  le  debut  de  la  communication  ou  un  instant 
caracteristique  de  celle-ci.  Selon  les  ccntraintes  retenues  pour  le  temps  d'etablissement  de  la 
liaison  ou  le  rythme  de  saut  de  frequence,  il  peut  etre  necessaire  que  la  synchronisation  de  mot 
soit  faite  sans  que  la  synchronisation  symbole  soit  acquise.  II  convient  des  lors  d'effectuer  simul- 
tanement  les  deux  types  de  synchronisation. 

Plusieurs  techniques  sont  utilisebles  pour  la  detection  de  mots,  elles  sont  toutes  basees  sur  la 
correlation  du  signal  regu  avec  la  replique  locale  du  mot  de  synchronisation,  et  different  selon 
que  cette  correlation  utilise  les  signaux  regus  avant  ou  apres  decision. 

Si  la  synchronisation  utilise  le  signal  apres  decision, le  recepteur  beneficie  d'une  plus  grande  sim¬ 
plicity.  Pour  evaluer  les  performances  de  ce  traitement  nous  avons  eu  recours  a  des  simulations  pour 
determiner  les  probabilites  de  non  detection  et  de  fausse  alarme,  lorsque  le  signal  regu  est  sure- 
chantillonne. 

Pour  realiser  simultanement  la  synchronisation  de  mots  et  de  symboles,  celles-ci  peuvent  etre  effec- 
tuees  sequentiellement  apres  avoir  mis  en  memoire  le  signal  regu  echantillonne  a  raison  de  4  ou  8 
echanti lions  par  symbole.  Une  autre  technique  consiste  a  calculer  en  temps  reel  la  fonction  de  corre¬ 
lation  surechantillonnee.  Le  maximum  de  cette  fonction  determine  la  phase  optimale  d 1 echantillonnage 
et,  apres  comparaison  a  un  seuil,  detecte  la  presence  eventuelle  du  mot  de  synchronisation  attendu. 
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3  -  RECEPTEUR 


Le  recepteur  dont  le  schema  est  donne  en  figure  1,  est  compose  par  : 

.  Les  parties  haute  frequence  (RF)  dont  le  but  est  d1 amplifier  le  signal  regu  et  de  transposer 
sa  frequence  sur  une  frequence  intermediaire  ou  est  effectuee  la  demodulation. 

.  Le  demodulateur  (FSK,  PSK,  MSK...)  adapte  a  la  nature  du  signal  regu. 

.  Le  filtre  de  demodulation  qui  limite  la  bande  du  signal  et  optimise  son  rapport  signal  a  bruit 
avant  la  prise  de  decision. 

.  L'echantillonneur  et  la  prise  de  decision. 

.  Le  correlateur  utilise  pour  la  reconnaissance  du  mot  de  synchronisation. 

.  Un  comparateur  permettant  de  decider  si  le  signal  attendu  a  ete  regu  ou  non. 


4  -  EVALUATION  DES  PERFORMANCES 


4.1.  Cri teres  d' evaluation 

Les  performances  sent  appreciees  par  la  probability  de  non  detection  (Pnd)  du  signal  attendu  et  par 
la  probability  de  fausse  alarme  (Pfa)  lorsque  le  signal  n'est  pas  present.  Le  couple Pn.d ,  Pfa  permet 
de  comparer  entre  elles  les  differentes  hypotheses  de  traitement. 

4.2.  Caractenstiques  des  traitements 


Les  divers  traitements  sont  definis  par  les  parametres  suivants  : 

.  La  longueur  du  mot  de  synchronisation, 

.  La  longueur  de  correlation  du  filtre  de  demodulation, 

.  La  frequence  d'echantillonnage. 

Le  tableau  1  precise  les  valeurs  de  parametres  qui  ont  ete  retenues  lors  des  simulations  : 


Mot  de  synchronisation 

16 

;  32 

;  48  et  64  symboles 

Largeur  de  correlation 

T  ; 

2T 

T 

du  filtre  de  demodula- 

2 

3 

tion 

Frequence  d'echantillon- 

1  ; 

2  : 

4  ;  8 

naqe 

T 

T 

T  T 

T  :  la  duree  d'un  symbole 


TABLEAU  1 


4.3.  Simulations 


Les  simulations  dont  les  principes  sont  donnes  en  annexe  1  ont  ete  effectuees  en  absence  de  signal 
pour  determiner  la  probability  de  fausse  alarme  et  en  presence  de  signal  affecte  de  taux  d'erreur 
compris  entre  2  et  15  %  pour  determiner  les  probabilites  de  non  detection.  Ces  simulations  ont  ete 
conduites  avec  les  traitements  dont  les  caracteristiques  sont  donnees  dans  le  tableau  1. 

Cuelques  resultats  de  ces  simulations  sont  presentes  a  titre  d'exemple  sur  les  courbes  des  figures 

2  a  5.  La  figure  2  presente  la  probability  de  fausse  alarme  obtenue  avec  un  mot  de  synchronisation 

compose  de  32  symboles,  une  frequence  d'echantillonnage  de  £,  la  longueur  du  filtre  adapte  etant 

«  T 

de  T.  Les  figures  3,  4  et  5  donnent  avec  les  memes  hypotheses  de  traitement  la  probability  de  non 
detiction  lorsque  le  signal  est  regu  avec  un  taux  d'erreur  de  2,5  %,  4  %  et  11  %. 


5  -  ANALYSE 


L' analyse  des  resultats  a  ete  conduite  pour  apprecier  1’ influence  de  la  frequence  d'echantillonnage 
sur  les  performances  d'un  systeme  de  detection  de  mots.  Parmi  1' ensemble  des  resultats  acquis,  nous 
presentons  ceux  correspondent  aumot  de  longueur  32  en  fonction  du  taux  d'erreurs  et  du  filtrage 
effectue  sur  le  signal. 

Pour  comparer  les  resultats  obtenus  en  fonction  du  filtrage,  le  principe  du  taux  d'erreur  constant 
a  ete  retenu  de  preference  au  rapport  signal  a  bruit  constant.  Ce  entere  a  ete  choisi,  car  la  limi- 
te  de  portee  d'une  liaison  est  definie  par  la  degradation  maximale  de  qualite  admissible.  Or,celle-ci 
s'evalue  par  un  taux  d'erreur  maximal  quelque  soit  le  type  d' utilisation  :  parole  numerisee,  trans¬ 
mission  de  messages  brefs,  transmission  de  donnees,  avec  ou  sans  codage,  correcteur  d’erreurs.  C'est 
ce  taux  d'erreur  qui  definit  le  rapport  signal  a  bruit  necessaire,  compte  tenu  de  la  nature  de  la 
modulation  utilisee  du  procede  de  demodulation  ;  la  limite  de  portee  se  determine  alors  par  la  con- 
naissance  de  la  frequence  de  transmission  et  de  la  puissance  rayonnee. 

Ainsi  qu'il  l‘a  ete  mdique  au  paragraphe  4.1.,  c'est  le  couple  Pnd  Pfa  qi  est  utilise  pour  evaluer 
les  performances  du  traitement.  La  figure  6  represente  pour  des  mots  de  32  bits  regus  avec  un  taux 
d'erreur  de  2,5  % , 1 ' evolution  des  probabilites  de  non  detection  et  de  fausse  alarme  lorsque  le  seuil 
de  decision  varie.  Les  cinq  courbes  correspondent  aux  frequences  d'echantillonnage  egales  a  2,  £ , 
et  £,  le  filtrage  etant  egal  a  T.  T  T  T 

T  1 

Ces  courbes  montrent  que  les  performances  s ' accroissent  lorsque  la  frequence  d'echantillonnage  passe 

de  J.  a  4  et  8.  Par  contre,  lorsque  cette  frequence  est  egale  a  2,  les  performances  obtenues  peuvent 
•  T  T  T  ,  f 

etre  en  retrait,  ceci  s'explique  par  la  phase  de  l'echantillonnage.En  effet,dans  le  cas  represente 
sur  la  figure,  le  signal  est  echantillonne  (courbe  a)  au  milieu  du  symbols  et  a  1' instant  correspon¬ 
dent  aux  transitions  cette  configuration  est  la  plus  penalisante.  Si  le  peigne  d'echantillonnage  est 
decale  de  £  (courbe  b),  les  performances  s'averent  meilleures  que  celles  obtenues  avec  une  frequence 
d'echantillonnage  egale  a  L  ecart  de  performances  pour  les  deux  phases  de  1 1 echantillonnage  permet 
de  gagner  trois  ordres  de  grandeur  sur  la  probability  de  fausse  alarme,  lorsque  la  probability  de  non 
detection  est  egale  a  10  . 

II  faut  notei  egalement  que  cet  effet  lie  a  la  phase  d'echantillonnage  existe  egalement,  lorsque  la 

frequence  d'echantillonnage  est  egale  a  4  et  8,  mais  1' amplitude  de  la  variation  de  performance  se 

T  7 

reduit  lorsque  la  frequence  d'echantillonnage  croit. 
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La  figure  7  permet  d'apprecier  1' influence  du  filtrage  sur  les  performances.  Elle  indique  pour  un 
taux  d'erreur  de  2,5  %,  la  probability  de  fausse  alarme  associee  a  une  probability  de  non  detection 
de  10_4pour  une  frequence  d ' echantillonnage  egale  a  4,  lorsque  la  bande  passante  du  filtre  avant 

decision  passe  de  1  a  2.  Dans  ces  conditions,  la  probability  de  fausse  alarme  associee  a  la  fre- 

T  T  -2  a  , 

quence  d ' echantillonnage  de  1/T  est  de  10  .  II  apparait  clairement  que  le  gain  apporte  par  le 

surechantillonnage  augmente  rapidement,  lorsque  le  filtrage  est  caracterise  par  une  bande  egale  a 

2,  et  que  le  gain  du  au  surechantillonnage  demeure  important  (superieur  a  deux  ordres  de  grandeur) 

T 

lorsque  la  bande  de  bruit  est  reduite  a  3T/2  puis  a  1/T.  La  figure  8  presente  les  memes  parametres 
lorsque  le  taux  d'erreur  est  egal  a  6  %. 


6  -  CONCLUSION 


Le  procede  de  synchronisation  etudie  cumule  les  avantages  de  : 

.  La  simplicity  du  traitement, 

.  La  possibility  da  synchronisation  mot  et  symbole  simultanee, 

.  Le  gain  de  performance. 

Ce  dernier  point  a  fait  1 1 objet  d'une  evaluation  par  simulation  prenant  en  compte,  en  particulier, 
la  frequence  d' echantillonnage  et  la  bande  passante  du  filtre  avant  decision. 

Nous  avons  mis  en  evidence  que  1 'utilisation  de  quatre  echantillons  par  symbole  permet  un  gain  de 
trois  ordres  de  grandeur  sur  la  probability  de  fausse  alarme  pour  une  probability  de  non  detection 
egale  a  10  4.  La  comparaison  avec  un  traitement  par  correlation  avant  decision  permet  d'obtenir 
theoriquement  des  performances  superieur  au  traitement  propose  au  pnx  d'une  complexity  accrue 
dans  la  synchronisation  et  d'une  plus  grande  difficulty  pour  determiner  le  seuil  de  decision  de 
synchronisation. 


ANNEXE  1 


Pnncipes  de  la  simulation 

La  simulation  a  pour  but  de  determiner  la  probability  que  la  valeur  du  signal  de  sortie  du  correlateur 
soit  egale  ax  (0  <-  x  <  nL  que  L  =  longueur  du  mot  de  synchronisation  et  n  le  taux  d' echantillonnage 
1  :  2  ;  4  ou  8 ) . 

Le  programme  de  simulation  comprend  5  modules. 

1.  Generation  du  siqnal  de  test.  Le  signal  de  test  est  une  sequence  composee  de  8  symboies  fixes 

l.C. 0.1. 0.1. 1.1.0. ,  chague  symbole  est  echantillonne  a  la  frequence  8. 

7 

2.  Generation  du  bruit,  le  bruit  utilise  est  blanc,  gaussien  a  valeur  moyenne  nulle.  8  echantillons 
mdependants  de  bruit  par  symbole  sont  calcules  soit  en  tout  64  echantillons. 

3.  Filtrage 

Les  64  echantillons  de  signal  auxquels  ont  ete  ajoutes  les  echantillons  de  bruit  sont  filtres  par 

un  filtre  adapte  de  duree  T  ;  2T  ou  T. 

7  ~1 

Ce  filtre  effectue  le  calcul  suivant  : 

n-1 

y(k)= 


S(k-i)+n(k-i) 


0<k<63 


26- 


Pour  eviter  les  effets  de  bord,  un  symfcole  supplementaire  est  ajoute  au  debut  de  la  sequence,  et 
huit  echantillons  supplementaires  de  bruit  sont  calcules. 

4.  Correlation 

Le  signal  filtre  puis  decide  est  correle  avec  la  sequence  de  test.  Ce  calcul  est  effectue  pour 
les  quatre  valeurs  "n"  du  taux  d'echantillonnage. 

63 

c(n)=  ^  S(k).sgn[y(k>] 
par  pas  de  n 

Les  modules  2,  3,  4  sont  repetes  un  grand  nombre  de  fois  (10^a  10"5)  permettant  d'attribuer  a 
chaque  valeur  de  correlation  une  probabilite  d' apparition  et  d'obtenir  la  densite  de  probabilite 
de  la  correlation.  La  figure  Al  presente  les  resultats  de  la  simulation  pour  un  mot  de  8  bits 

echantillonne  a  la  cadence  1_,  2,  A_  et  8. 

T  T  T  T 

5.  Evaluations  des  pxobabilites 

A  partir  de  la  densite  de  probabilite  obtenue  par  simulation  pour  un  mot  de  longueur  8  symboles, 
les  densites  de  probabilite  liees  aux  mots  de  8,  16,  32,  48  et  64  symboles  sont  calculees  par 
la  formule  suivante  : 

p(x.L)=  f  ^pty.uaj.pfy -x,U2)  dy 
-  oo 

L  :  longueur  du  mot  de  synchronisation 
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DISCUSSION 


C.  GOUTELARD 

Vous  utilisez  des  symboles  numdriques  de  durde  T.  Lorsque  vous  utilisez  un 
dchantillonnage  A  une  frequence  ^  en  rdalitd  vous  sous-dchantillonnez.  Qu'en 
est-il  pour  le  signal  et  le  bruit  ? 

AUTHOR'S  REPLY 

Lorsque  le  signal  est  dchantillond,  aprAs  une  decision  ferme,  A  un  r/thme 
X  nous  supposons  que  la  phase  de  1 1 dchantillonnage  est  optimale.  Vis-A-vis 
du  signal  nous  nous  trouvons  dans  le  cas  classique  d'une  transmission  de 
donndes.  Pour  le  bruit  :  une  variable  aldatoire  est  ajoutde  au  signal.  II 
est  bien  dvident  que  ce  traitement  ne  permet  pas  (sous-dchantillonnage  et 
opdration  non  lindaire)  de  conserver  le  spectre  du  signal  originel. 
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SUMMARY 

This  paper  describes  in  detail  the  analysis  and  simulation  of  a  typical  synchronisation  protocol 
employed  in  a  medium  rate  frequency  hopper,  specifically  under  poor  signal  conditions. 

Bit  slippage  within  the  initial  synchronisation  frame  was  identified  as  the  major  source  of  reduced 
performance  of  synchronisation  protocols.  A  set  of  performance  curves  is  presented  to  enable  the 
dependance  on  correlation  threshold,  and  the  ultimate  receive  probability  for  a  given  protocol,  to  be 
evaluated. 

The  dependance  on  bit  synchroniser  PLL  bandwidth  was  simulated,  indicating  that  improvement  was 
possible  at  limit  signal  conditions.  However,  this  was  off-set  by  a  reduced  performance  for  better  signal 
conditions. 

An  effective  solution  to  such  a  problem  can  be  achieved  by  employing  a  combined  bit  and  frame 
synchroniser.  Simulation  results  for  such  a  technique  are  also  presented  for  comparison. 


INTRODUCTION 

Synchronisation  of  any  digital  communication  link,  whether  frequency  hopping  or  single  frequency, 
requires  the  operations  of  Bit,  Frame  and  Message  synchronisation  to  be  successfully  completed. 

Bit  synchronisation  is  essentially  a  demodulation  process  which  ideally  reproduces  the  data  sequence 
originally  transmitted,  thereby  providing  the  link  between  the  analogue  channel  and  the  digital  circuits 
in  the  receiver.  Frame  and  message  synchronisation  is  then  required  to  enable  specific  blocks  in  this 
received  data  sequence  to  be  identified.  These  are  necessary  operations,  if,  for  example,  the  received 
data  is  encrypted. 

Frame  and  Message  synchronisation  are  obtained  from  the  result  of  digital  processing  of  the  received 
data.  For  example,  correlation  of  the  received  data  against  certain  expected  patterns  is  a  technique 
commonly  employed,  synchronisation  being  obtained  when  a  correlation  yielding  less  than  a  defined  number 
of  errors  is  received.  Given  the  bit  error  rate  (BER)  for  the  received  data,  the  probability  of  obtaining 
a  successful  correlation  may  be  readily  evaluated. 

To  increase  the  message  receive  probability  (MRP)  synchronisation  protocols  can  be  employed  which 
enable  Frame  and  Message  synchronisation  to  be  obtained  over  a  number  of  frames;  i.e.  multiple  opport¬ 
unities  for  sync  at  each  stage  (Frame  and  Message  sync)  are  allocated.  With  the  probability  of  correctly 
receiving  a  successful  correlation  known,  the  message  receive  probability  can  be  readily  evaluated  for  the 
synchronisation  protocol  employed. 

The  function  of  a  bit  synchroniser,  described  as  a  demodulation  process  above,  is  essentially  a  two 
stage  operation.  Initially  the  transitions  in  the  received  data  need  to  be  identified,  and  an  internally 
generated  clock,  phase  locked  to  them.  This  clock  is  then  used  to  sample  the  received  signal  at  an 
optimum  point,  to  produce  a  value  for  the  received  data  for  the  entire  current  bit  period,  thereby 
providing  the  necessary  bit  synchronisation. 

Under  poor  signal  conditions  the  transitions  present  in  the  received  data  will  be  noisy.  Indeed  the 
noise  present  will  introduce  additional  transitions  in  the  received  data.  It  is  therefore  essential  that 
the  identified  transition  location  is  the  result  of  averaging  many  transitions.  A  failure  to  do  this  will 
result  in  excessive  random  movements  of  the  identified  transition  location  with  the  result  that  the 
received  bit  error  rate  will  be  degraded. 

Random  movements  in  excess  of  +/-  half  a  bit  period  cause  an  extra  bit  to  be  inserted/deleted  from 
the  received  data.  Such  bit  slips  cause  an  instant  loss  of  frame  and  message  synchronisation,  invariably 
rendering  the  remainder  of  the  message  ineffective.  The  synchronisation  protocol  must  provide  additional 
Frame  and  Message  synchronisation  opportunities  to  recover  from  such  a  breakdown. 

For  the  purpose  of  introduction  it  can  be  assumed  that  some  form  of  phase  locked  loop  (PLL)  is 
employed  to  provide  the  necessary  transition  identification  and  filtering.  As  with  any  PLL,  such  a 
configuration  will  have  a  certain  transient  performance  dependent  on  its  bandwidth.  Hence,  prior  to  the 
initial  transient  decaying  sufficiently,  the  bit  error  rate  of  the  first  part  of  the  received  message  will 
be  degraded  on  the  steady  state  value.  This  produces  a  reduction  in  the  frame  acceptance  probablity, 
which  can  be  minimised  if  the  settling  transient  is  rapid.  However,  a  good  steady  state  performance  is 
achieved  with  a  low  bandwidth  PLL,  whilst  for  a  fast  transient  performance  a  high  bandwidth  is  required. 
With  such  a  dichotomy,  optimisation  to  meet  both  requirements  is  not  possible  and  a  compromise  must  be 
made. 
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A  common  solution  to  the  above  problem  is  to  precede  the  message  synchronisation  preamble  with  a 
string  of  reversals.  Analysis  is  relatively  straightforward  to  evaluate  the  length  of  such  a  string  of 
reversals  necessary  to  achieve  an  acceptable  steady  state  bit  synchroniser  performance  for  a  defined  link 
BER.  The  message  receive  probability  expected  is  then  readily  evaluated,  as  discussed  above.  However, 
the  penalty  for  such  a  simple  strategy  is  an  increase  in  the  length  of  the  message  preamble. 

In  systems  where  the  preamble  length  is  constrained,  the  overhead  of  such  a  reversal  string  can  be 
unacceptable  and  is  therefore  removed.  Typical  examples  where  such  a  strategy  is  required  are: 

(a)  Medium  Rate  Frequency  Hopping.  Receivers  wait  for  numerous  hops  on  selected  channels,  for  the  single 
initial  sync  frame  expected  on  that  channel.  On  obtaining  an  acceptable  correlation,  bit  and  frame/ 
hop  sync  are  assumed.  The  receiver  is  then  able  to  hop  in  synchronism  with  the  transmitter  and 
search  for  message  sync. 

(b)  Packet  Radio  Synchronisation.  In  this  example  a  single  frame  is  allocated  to  provide  the  entire 
synchronisation  for  the  following  data  packet.  A  principal  factor  in  obtaining  the  maximum 
utilisation  of  the  packet  network  is  the  performance  of  the  synchronisation  scheme.  It  is  therefore 
essential  that  an  optimal  utilisation  of  the  single  frame  is  achieved. 


PERFORMANCE  BOUND  OF  SYNCHRONISATION  PROTOCOL 

The  synchronisation  protocol  of  a  typical  medium  rate  frequency  hopper  described  above  may  be 
represented  diagrammatically  as  shown  in  Figure  la.  Two  possible  outcomes  for  synchronisation  to  a 
message  are  shown:  that  of  detecting  the  message,  or  failing.  Also  shown  are  the  possible  paths  from  the 
starting  unsynchronised  state  to  each  outcome.  Each  path  element  has  a  probability  associated  with  it,  as 
shown.  This  enables  the  probability  of  traversing  between  any  chosen  states  to  be  readily  evaluated. 

Figure  la  may  be  reduced  to  show  the  breakdown  of  requirements  necessary  to  receive  a  message. 

Figure  lb  represents  such  a  reduction,  showing  the  message  receive  probability  as  the  probability  of 
obtaining  initial  sync  and  then  confirmation. 

With  the  assumption  that  the  bit  error  rate  is  constant  from  start  to  the  end  of  a  message,  i.e.  no 
degradation  due  to  reconstitutor,  the  frame  probability  may  be  readily  evaluated  and  Figures  la  and  lb 
used  to  evaluate  the  message  receive  probability.  An  upper  bound  on  message  receive  probability  may 
therefore  be  produced. 


INCORPORATION  OF  FAILURE  MECHANISMS 

The  synchronisation  outcome  path  diagram  may  be  readily  modified  to  include  the  effects  of  bit  slips, 
as  shown  in  Figure  2a.  Here  bit  slips  occurring  after  initial  sync  have  been  represented  by  an  additional 
element  in  the  forward  path,  conveying  the  requirement  that  a  bit  slip  must  not  occur  in  the  remainder  of 
the  message. 

Bit  slips  occurring  within  the  frame  which  yields  initial  sync  require  a  different  inclusion  as 
shown.  The  basis  for  this  method  of  inclusion  is  significantly  different  than  for  bit  slips  after  initial 
sync  detection,  due  to  the  constraint  that  detection  of  initial  sync  is  required  to  qualify  possible  bit 
slips. 

The  frame  acceptance  probability  Pp^,  frame  rejection  probability  Ppg,  frame  acceptance  with  bit  slip 
probability  Ppgg,  and  bit  slip  probability  Pgs  are  evaluated  in  the  analysis  sections  below.  The  analysis 
presented  is  targeted  at  a  typical  production  medium  rate  frequency  hopper  employing  an  early/late  type 
PLL  for  data  reconstitution,  the  operation  of  which  may  be  represented  by  the  decision  process  shown  in 
Figure  3.  Early  or  late  transitions  are  shown  to  modify  a  counter,  which  acts  as  a  form  of  filter.  Phase 
adjustments  of  l/28th  of  a  bit  period  are  made  after  an  excess  of  1,  4  or  16  transitions: 

High  bandwith  1  transition/adjustment  Pre  Initial  Sync 

Medium  bandwidth  4  transitions/adjustment  Post  Initial  Sync 

Low  bandwidth  16  transitions/adjustment  Tracking 


SIMULATION  ANALYSIS 

The  probability  that  a  data  transition  is  received  earlier  or  later  than  expected  is  a  function  of 
the  phase  error,  0e,  between  the  received  data  clock  and  the  reconstituted  data  clock. 

Hence,  the  late  probability  may  be  defined  Pi(0e). 

With  the  decision  process  contained  in  Figure  3,  modifications  to  the  reconstituted  data  clock  phase 
cause  the  phase  error  0e  to  be  increased  or  reduced.  This  in  turn  causes  the  probability  of  the  type  of 
the  next  transition  to  be  changed,  as  P^  is  a  function  of  0e.  For  a  sequence  of  transitions  the  output 
phase  distribution  P0  can  be  evaluated  by  considering  all  possible  paths  that  can  be  taken  to  get  from  the 
initial  phase  0 ^ ,  to  the  final  output  phase  0O.  Movement  between  phase  states  is  dependent  on  the  filter 
output.  Hence,  the  output  phase  distribution  is  also  dependent  on  the  counter's  initial  state. 
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With  a  phase  adjustment  of  l/28th  bit  period,  the  range  of  possible  phase  values  may  be  defined  by 
the  set: 

Py^L  =  {0  :  0  **  -13,  “12  ...,  0,  •••>  +14} 
and  the'  initial  counter  states: 

CsTATE  ~  ( C  :  C  s  0,  . ..,  NADJ  1 } 
where:  NADJ  =  number  of  transitions  requir-:d/adjustraent 

We  may  therefore  define  the  probability  that  the  output  phase  is  n  after  the  sequence  of  transitions, 
which  is  conditional  on  the  initial  conditions ,  0^  and  C j ,  as : 

Po(0  =  n/01,C1) 
where:  n  e  PvAL 
1  c  PVAL 
1  e  CSTATE 

BIT  SLIP 

By  the  same  method  employed  above,  the  probability  of  a  bit  slip  resulting  from  the  sequence  of 
transitions  may  be  defined,  as: 

PBS(SLIP/0i,Ci) 
where:  i  e  PyAp, 

1  6  CSTATE 

A  bit  slip  being  deemed  to  have  occurred  if  an  odd  number  of  crossings  of  the  -13,  +14  phase  state 
boundary  are  observed  in  the  analysis  interval. 


BIT  ERROR  RATE 

Each  possible  sample  of  the  input  signal  across  the  bit  period  will  have  a  error  rate  associated  with 
it.  This  will  range  from  50%  at  the  transitions  up  to  the  optimum  for  the  channel  conditions.  This 
optimum  sample  point  occurs  with  some  fixed  offset  on  the  transition  location.  By  accounting  for  this 
offset  it  is  possible  to  associate  each  phase  state  with  a  resulting  bit  error  rate.  Hence  the  bit  error 
rate  is  s  function  of  the  current  phase  state,  expressed: 

BER  (0)  ,  0  e  PVAL 

Each  path  traced  from  an  initial  phase  to  output  phase,  under  the  influence  of  the  sequence  of 
transitions,  will  yield  a  bit  error  rate  which  is  dependent  on  the  path  taken.  To  account  for  all 
possible  phase  changes  within  a  path,  a  quality  measure  must  be  assigned  to  each  path,  enabling  the  effect 
of  the  chosen  path  on  the  received  bit  error  rate  to  be  quantified.  The  path  mean  bit  error  rate  was 
considered  an  acceptable  approximation  and  therefore  employed  as  the  path  quality  measure.  It  is  accepted 
that  such  an  approximation  will  reduce  the  effect  of  values  significantly  above  the  mean.  However,  for 
conditions  of  interest  there  will  only  be  a  few  elements  within  paths,  hence  the  path  variance  will  be 
low,  justifying  such  an  approximation. 

Over  the  analysis  interval,  many  possible  paths  can  be  taken  from  an  initial  phase  state.  Each  path 
has  a  certain  probability  of  being  taken,  and  will  yield  a  unique  path  mean  bit  error  rate  quality  measure 
as  discussed  above.  Hence  a  probability  distribution  representing  the  mean  path  bit  error  rate  can  be 
produced  to  combine  the  two  factors. 

To  evaluate  such  a  probability  distribution  it  is  necessary  to  introduce  some  form  of  quantisation, 
and  evaluate  the  discrete  probability  distribution.  Half  percent  sections  were  employed  for  the 
simulation,  commencing  at  the  optimum  channel  bit  error  rate  and  extending  a  further  13.5%.  Values 
outside  this  range  were  constrained  to  be  at  the  maximum  value.  The  range  of  possible  bit  error  rate 
values  is  defined  by  the  function: 

BER  RANGE  =  (BER  OPT  +  0.5  x)  :  x  =  0,  1  ...  27 
where:  BER  OPT  =  optimum  bit  error  rate  for  the  channel 

bVAL  is  defined  to  be  the  set  of  possible  x  values. 
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ve  ma/  therefore  define  the  probability  that  the  aean  bit  error  rote  is  n,  after  the  sequence  of 
transitions  as: 

Pi,(BER  =  n/0£,C^) 

where:  n  e  ByAL 

1  e  PVAL 

i  •-  CSTATE 

which  is  conditional  on  the  initial  conditions,  and  Cj . 


ANALYSIS  INTERVAL  CONSTRAINTS 

The  arrays  P0,  Pgg  and  Pg,  discussed  above,  describe  the  probability  of  all  outcomes  expected  due  to 
the  application  of  a  sequence  of  transitions,  commencing  from  defined  initial  conditions.  The  length  of 
this  sequence  or  analysis  interval  significantly  effects  simulation  time.  With  a  sequence  of  16 
transitions,  approximately  10  minutes  is  required  to  produce  the  necessary  data  for  the  above  variables. 
This  extends  to  approximately  one  year  for  a  sequence  of  32  transitions,  which  is  clearly  unacceptable. 

A  further  constraint  on  the  sequence  length  is  the  number  of  transitions  required  per  phase 
adjustment.  If  the  filter  size  is  comparable  to  the  sequence  length,  then  there  will  be  negligible  phase 
movement  produced.  An  analysis  interval  of  16  transitions  is  acceptable  for  use  in  the  highest  bandwidth 
mode,  as  with  28  samples  per  bit  a  peak  coverage  of  57%  of  the  bit  period  can  be  achieved,  reducing  to  14% 
with  4  transitions  per  adjustment.  An  alternative  simulation  is  therefore  employed  to  evaluate  the  4  and 
16  transitions  per  adjustment  cases  in  the  steady  state  (tracking)  mode. 

Sixty-three  bits  are  employed  for  synchronisation  frames  in  the  target  system.  On  average  such 
frames  will  contain  approximately  32  transitions,  which  is  conveniently  two  analysis  intervals  of  16 
transitions.  Therefore,  to  meet  the  constraints  of  simulation  time  and  phase  adjustment,  initial  sync 
frames  were  approximated  by  two  analysis  intervals  of  16  transitions  each. 

DEFINITION  OF  PHASE  MOVEMENT  OVER  FRAME 

The  arrays  P0,  Pgs  and  pb  describing  the  reconstitutor  movement  for  half  frames,  are  readily  employed 
to  evaluate  similar  arrays  representing  movement  over  entire  frames.  Defining: 

01  =  initial  reconstitutor  phase  error. 

=  reconstitutor  phase  error  at  the  end  of  first  analysis  interval. 

0O  =  final  reconstitutor  phase  error  at  the  end  of  a  frame. 

The  output  phase  probability  distribution  at  the  end  of  a  frame,  Pp,  given  an  initial  phase  is 
defined  as: 

Pp(0o  “  n/0j)  “III  PO(0O  «*  n/i,k)  Po(0,J  =  1/0^1)  Pc(1)  Pc(k> 
i  j  k 

where:  0t  s  PVAL 

K  °  1  6  pVAL 
11  e  PVAL 

Initial  counter  state  for  first  interval  j  c  CSTATE 

Initial  counter  state  for  second  Interval  k  e  CSTATE 

and:  Pc(.)  “  discrete  probability  distribution  representing  the  initial  counter  state. 

With  such  a  definition  the  conditioning  Imposed  by  the  initial  counter  state  has  been  eliminated. 
Hence  the  output  phase  probability  distribution  for  a  frame  is  conditional  on  the  initial  phase  value 
only,  as  shown. 

In  high  bandwidth  mode  NADJ  <•  1,  and  every  transition  produces  a  phase  adjustment  and  the  set 
^STATE  “  0  •  Hence,  with  a  single  state,  Pc  =  l,and  there  is  no  dependance  on  the  counter  state. 

However,  for  other  values  of  NADJ  the  result  is  not  trivial,  and  some  approximation  is  required  of  the 
discrete  probability  distribution  representing  the  initial  counter  state,  to  eliminate  this  variable. 
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DEFINITION  OF  MEAN  BIT  ERROR  RATE  OVER  FRAME 

If  it  is  assumed  that  the  path  bit  error  rate,  as  evaluated  above,  is  solely  dependent  on  the  initial 
phase  conditions,  i.e.  there  is  no  dependance  on  the  final  phase  state.  Then  the  probability  distribution 
representing  the  effective  mean  bit  error  rate  over  a  frame  may  be  defined: 

?BER(BER  =  n/0t)  =  Z  Z  Z  Z  n  Pb(BER  =  (2n-m)/l,k)  Pb(BER  =  m/^.j) 

j  k  1  m  =  o 

PO(0O  =  l/Si.j)  Pc(j)  Pc(k) 
where : 

Initial  counter  state  for 
first  interval 

Initial  counter  state  for 
second  interval 

and  the  resulting  mean  bit 
error  rate 

Where  the  resulting  mean  bit  error 

i.e.: 

ra  +  m' 
n  -  2 

where:  n  =  mean  element  BER  indicator 
and:  m  and  m'  =  constituent  BER  indicators 

n,  ra,  m'  e  5VAL 
hence:  m'  r-  2n-m 

DEFINITION  OF  TRANSIENT  FRAME  ACCEPTANCE  PROBABILITY 

The  frame  acceptance  probability  is  a  function  of  the  required  threshold  for  the  63  bit  code;  and  the 
bit  error  rates  for  the  two  constituents  i.e.: 

P(frame  acceptance)  “  Poj((m>  ra'  >  th) 

m  &  m'  ”  BER  indicators 

th  «■  correlation  threshold 

The  initial  synchronisation  probability,  given  the  threshold  and  initial  phase  state,  is  defined: 


01  e  PVAL 
1  e  pVAL 

.1  e  CSTAT£ 

k  e  CStaTE 

n  e  BVal 

rate  has  been  produced  as  the  average  of  the  two  constituents. 


pSYNC<th>0i)  “  P0K(m,n,th)  Pb(BER  =  n/l,k)  Pb(BER  =  m^,;}) 

j  k  1  ra  n 


PO(0O  «  1/0!, j)  Pc(.1)  P0(k) 


with  parameters  defined  as  previously. 


This  definition  takes  no  account  of  possible  bit  slips  occurring  within  the  frame.  Hence  further 
conditioning  on  the  synchronisation  event  is  required,  to  partition  the  synchronisation  event  into  those 
containing  a  bit  slip  and  those  not,  represented  by  Ppgg  and  Pp^  respectively  in  Figure  3a.  With  a  frame 
represented  by  two  halves,  the  possible  outcome  may  be  illustrated: 


BIT  SUP 
1st  Half 

0 

1 

0 

1 


2nd  Half 

0 

0 

1 

1 


RESULT 

NORMAL  OPERATION  -  NO  BIT  SLIP 

50%  BER  ASSUMED  1ST  HALF,  NO  FURTHER  DAMAGE 

SYNC  ACCEPTANCE  WITH  BIT  SLIP  -  MESSAGE  SYNC  WILL  NOT  BE  ACHIEVED 
ACCEPTANCE  PROBABILITY  VERY  SMALL 


0 

1 


No  Bit  Slip 
Bit  Slip  Occurred 
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The  bit  slip  probability  is  also  conditional  on  the  initial  phase  and  counter  states.  Hence, 
pp^(0i,th),  the  frame  acceptance  probability  as  a  function  of  0£  and  the  correlation  threshold  th,  may  be 
defined: 


pFA<0i»th> 


NO  SLIP  SECOND  HALF 

E  E  E  Pc(j)  Pc(k)  Po(0A  =  l/0i,3)  (l-PBS(SLIP/l,k))  * 

3  k  1 

SLIP  FIRST  HALF 

E  Pb(BER  »  n/l,k)  fpOK(50Z,m,th)  P8S(SLIP/0i3)  + 

•m  ** 


NO  SLIPPAGE 

E  P0K(n,m,th)  Pb(BER  =  n/0i3)  (I-PbsCSLIP/01,3 ))] 
n 


Similarly  Pp3s^i»th^>  the  frane  acceptance  probability  that  will  not  result  in  confirmation,  may  be 
defined: 


PFBs(0i,th)  -  Z  E  E  Pc(3)  Pc(k)  Po(0o  »  l/0i,3)  (1-PBsCSLIP/0i3)) 

3  k  1 

PgS(SLIP/l ,k)  E  POK(n,502,th)  Pb(BER  =  n/0if3) 
n 


DEFINITION  OF  PHASE  STATE  ON  FRAME  ACCEPTANCE 

Analysis  has  shown  that  the  bit  slip  probability  post  initial  synchronisation  is  significantly 
dependant  on  the  PLL  phase  state  existing  at  acceptance. 

Additionally,  a  significant  PLL  bandwidth  reduction  is  invoked  at  acceptance,  which  will  result  in  a 
long  settling  transient.  The  confirmation  synchronisation  codes  will  be  passed  during  this  period.  Hence 
a  further  mechanism  for  loss  in  message  receive  probability  exists.  The  phase  state  on  acceptance  is 
therefore  defined: 


pTERM0(0T=h/0i.th>  3  Hi  Pc(3)  Pc(k)  PO(0O  »  l/0i3)  P0(h/l,k) 

3  k  1 

(NO  SLIP  SECOND  HALF)  (SLIP  FIRST  HALF) 

(l-PBS(SLIP/l,k))  E  Pb(BER  =  ra/i ,k)  (P0K(50%,m,th)  PBS(SLIP/01 ,1 )  + 


E  P0K(n,m,th)  Pb(BER  =  n/01,.1)  (1-P8S(SLIP/0i3))1 
n  (NO  SLIP  FIRST  HALF)  J 


Due  to  the  conditioning  imposed  by  the  frame  acceptance  requirement,  this  function  will  not  sum  to 
unity.  Normalization  is  therefore  required  for  events  post  initial  synchronisation. 


TRANSIENT  ANALYSIS 

The  output  phase  probability  distribution  PF  developed  above,  is  conditional  on  the  initial  phase. 
By  defining  the  initial  conditions,  PF  may  be  employed  to  evaluate  PF,  the  actual  output  phase 
iistribution: 


P£03o  -  n)  »  E  PF(0O  =  n/i)  P^  -  i) 
i 


where  the  initial  phase  0^  «  i  e  ?val 

and  P^(.)  »  initial  phase  probability  distribution 

Although  not  strictly  a  matrix,  PF  in  the  expression  above  is  readily  visualised  as  such.  Hence  in 
the  following  discussion,  PF  is  referred  to  as  the  phase  transition  matrix. 

The  phase  settling  transient  may  be  iteratively  produced  by  successive  evaluation  of  the  output  phase 
distribution,  from  the  phase  transition  matrix  and  current  input  phase  distribution,  and  by  employing  the 
previous  output  phase  distribution  as  the  input  phase  distribution  for  the  next  iteration.  Defining: 

pin  “  Initial  phase  probability  distribution  for  nth  frame 

P'Fn  “  Output  phase  probability  distribution  for  the  nth  frame 
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With  no  apriori  of  the  received  data  clock  phase  it  is  reasonable  to  assume  the  initial  phase 
distribution  for  Pj,  is  uniform.  The  first  frame  received  causes  some  settling  to  occur  and  P'pj, 
results.  The  effect  of  further  frames  may  be  evaluated  by  defining: 

?in+l  *  P'F„ 

where:  n  =  frame  number  in  settling  transient 


LOW  BANDWIDTH  TRANSIENT  ANALYSIS 

In  this  mode  typically  less  than  one  phase  adjustment  is  made  per  frame.  Hence  the  effect  of  frames 

is  essentially  represented  by  the  change  in  the  counter  state  that  occurs  across  the  frame.  Extension  of 

the  above  analysis  is  therefore  required  to  include  this  aspect.  However  this  is  not  realistic  for  very 
low  bandwidths,  due  to  the  excessive  simulation  time  required. 

For  this  analysis  the  current  PLL  state  was  represented  by  the  set  of  two-tuples  defined: 

PSTATE  “  {<xl»  x2>} 
where:  Xj  e  PyAL 

x2  e  CSTATE 

The  application  of  a  transition  will  cause  the  adjacent  state  to  be  adopted.  The  probability  of  this 

new  state  may  be  defined,  as  shown  in  Figure  5,  for  cases  when  no  phase  adjustment  is  made.  More 

rigorously  the  new  state  for  all  initial  states  may  be  defined : 


PSTATE  (0>K) 
n+1 


PSTATE  (0»K+1)  pl(0) 
n 

+  PstaTE  pl(0) 

n 


for  0<K<Cmax 


PSTATE  <0 > l)Pi<0) 
n 

+  PSTATE  (l0-1 IpMAX>CMAX)  P1 ( I 0-1 I PMAX> 


PSTATE  +  MpMAX>°>  pl(|0+l|pMAX 
n  __ 

+  PSTATE  <0>CMAX-1)  pl<0> 
n 


K  =  0 


K  55  CMAX 


After  initialisation,  successive  application  of  the  above  rule  enables  the  output  phase  distribution 
to  be  iteratively  evaluated,  for  as  many  transitions  as  required. 

The  above  analysis  is  readily  extended  to  accommodate  bit  slip  evaluation  if  the  range  of  PyAL  is 
extended.  Bit  slippage  is  then  indicated  by  a  reduction  in  the  main  lobe  probability,  Figure  6. 


SIMULATION  VALIDATION 

Message  receive  probability  versus  link  signal  to  noise  ratio  (SNR)  is  shown  in  Figure  7,  for 
simulated  and  experimental  results.  Due  to  the  practical  limitations  of  obtaining  measurements  of  sync 
probability,  the  number  of  trials  over  which  the  sync  probability  was  measured  is  significant.  To  account 
for  this  a  90%  confidence  interval,  evaluated  from  the  trial  conditions  and  results,  is  shown  on  the 
performance  curves.  Such  a  bound  defines  a  region  where  there  is  a  90%  chance  of  the  actual  MRP  being 
situated. 

In  view  of  practical  problems  associated  with  measurements  at  low  signal  to  noise  ratios,  the  half  dB 
error  at  low  signal  to  noise,  between  experimental  and  simulated  results,  was  considered  an  acceptable 
error.  The  simulation  results  were  therefore  considered  consistent  with  the  experimental  results 
available. 


DISCUSSION 

The  probability  of  obtaining  initial  sync  versus  SNR,  for  various  correlation  thresholds  is  3bown  in 
Figure  8;  where  the  synchronisation  protocol  employed  requires  a  minimum  of  one  sync  frame  from  four  to  be 
obtained  to  achieve  initial  sync.  This  graph  indicates  that  at  3dB  SNR  (approx  10%  BER)  the  optimum 
correlation  threshold  is  52  to  53.  At  3dB  SNR  initial  sync  detection  probability  is  quite  insensitive  to 
correlation  thresholds.  However  below  3db  SNR  the  correlation  threshold  is  very  critical  as  shown. 

Also  shown  in  Figure  8  is  the  performance  of  a  combined  bit  synchroniser  and  frame  synchroniser. 

This  employed  a  simple  maximum  bin  technique  to  identify  the  transition  locations  present  in  the  input 
data;  enabling  the  data  to  be  extracted  from  a  stored  unsynchronised  version  of  the  input  data.  The 
transition  location  was  therefore  fixed  for  each  frame  correlation. 
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At  ldB  SNR  (approx  18Z  BER)  there  is  negligible  improvement  with  this  type  of  synchroniser  with  such 
a  simple  selection  algorithm  employed.  However  at  3dB  the  improvement  is  significant.  Additionally  a 
reduction  in  the  correlation  threshold  produces  an  increase  in  detection  probability.  This  is  not  the 
case  with  the  PLL  synchroniser,  as  shown  in  Figure  8. 

With  the  PLL  type  synchroniser  bit  slips  occurring  in  the  latter  half  of  the  sync  code  will  prevent 
detection  of  the  rest  of  the  message,  as  detection  of  initial  sync  is  'employed  to  define  the  bit  sync 
phase  (which  is  then  preserved  by  a  bandwidth  change);  illustrated  in  Figure  2a  as  PFBS.  For  a  given 
correlation  threshold  and  SNR,  this  loss  limits  the  effectiveness  of  multiple  synchronisation 
opportunities. 

For  a  SNR  of  ldB  (approx  18Z  BER)  the  initial  sync  detection  probability  versus  the  number  of 
attempts  is  shown  in  Figure  9.  This  graph  clearly  illustrates  the  trade  off  between  correlation 
threshold,  and  the  number  of  sync  attempts  allocated.  The  maximum  bin  synchroniser  is  not  limited  by  this 
effect.  Hence  the  sync  probability  approaches  unity  as  the  number  of  sync  attempts  are  increased,  as 
shown. 

To  operate  in  a  scenario  which  provides  a  good  signal  when  unjammed,  but  where  70Z  of  hops  are  jammed 
and  unusable.  '  .an  nine  initial  sync  attempts  would  be  required  to  provide  a  95Z  chance  of  gaining 
initial  sync.  With  nine  initial  sync  attempts  the  maximum  bin  synchroniser  at  18Z  BER  will  provide  a  99Z 
chance  of  gaining  initial  sync.  Hence  as  far  as  initial  preamble  length  is  concerned,  the  requirements 
for  70Z  jamming  and  a  limit  signal  defined  as  20Z  BER  are  similar. 

Post  initial  sync  detection  a  low  bandwidth  PLL  synchroniser  is  employed  to  obtain  accurate  bit 
synchronisation,  and  to  enable  signal  fades  to  be  bridged.  The  transient  response  at  ldB  SNR  is  shown  in 
Figure  10  for  the  medium  bandwidth  employed,  i.e.  4  transition  required/adjustment.  With  no  apriori  of 
the  bit  phase  the  settling  transient  lasts  in  excess  of  14  frames.  The  conditioning  on  the  initialization 
imposed  by  the  requirement  to  detect  initial  sync  significantly  reduces  the  settling  transient  as  shown. 
The  maximum  bin  selection  technique  indicates  approximately  a  12  or  6  frame  settling  advantage  over  the  no 
apriori  and  sync  acceptance  cases  respectively.  This  could  be  increased  further  if  the  maximum  bin 
selection  process  was  employed  for  further  frames,  prior  to  switching  to  PLL  timing  maintenance. 


TRANSITION  FILTER  MODIFICATIONS 

The  effect  of  reducing  the  bit  synchroniser  PLL  bandwidth  is  shown  in  Figure  11.  At  3dB  SNR,  (10Z 
BER)  a  change  from  a  1  transition/adjustment  to  a  4  transition/adjustment  filter  will  produce  an 
improvement  in  message  receive  probability  of  approximately  1Z.  However,  below  5dB  SNR  this  improvement 
is  lost.  Additionally  the  rate  of  improvement  in  MRP  with  increasing  SNR  is  negligible  compared  with  the 
1  transition/adjustment  filter  case. 

Bit  slips  in  the  latter  half  of  the  initial  sync  frame  are  causing  these  effects,  as  shown  in  Figure 
12.  Below  5dB  SNR  the  1  transition  case  is  significantly  worse  than  the  4  transition  case.  Which  is 
reflected  in  an  improved  initial  sync  detection  probability  as  shown  in  Figure  11.  However,  above  5dB  SNR 
the  transition  case  is  better  with  a  faster  rate  of  reduction.  This  is  producing  the  increasing 
performance  in  Figure  12  for  the  1  transition  case,  when  the  4  transition  case  has  settled  out. 


CONCLUSIONS 

Bit  slippage  in  the  latter  half  of  the  initial  sync  frame  with  a  PLL  type  bit  synchroniser  is  a  major 
failure  mechanism  of  synchronisation  protocols.  Its  effects  may  be  minimised  only  by  the  careful 
selection  of  both  correlation  threshold  and  number  of  initial  synchronisation  opportunities,  (Figure  9). 
The  bandwidth  of  the  bit  synchroniser  PLL  must  be  selected  with  respect  to  good  signal  and  limit  signal 
conditions,  to  avoid  an  unacceptable  levelling  off  of  synchronisation  probability,  Figures  11  and  12. 

A  correlation  type  bit  and  frame  synchroniser  is  required  to  eliminate  this  effect. 


INITIAL  SYNC  ACHIEVED 


CHIT  SYNC 

l  HOP  SYNC  DEFINED) 


<  INITIAL  SYNC 
ATTEMPTS 


«  CONFIRM 
ATTEMPTS 


Figure  la  Representation  of  Synchronisation  Scheme 


MESSAGE 

DETECTED 


Figure  lb  Minimisation 
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SYNC 
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Figure  2a  Representation  of  Synchronisation  Scheme  with  Failure  Mechanics 
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RECEIVED 


P  INITIAL  SYNC  :  PFA  [  1  +  PFR  +  PFR2  +  PFR3  ] 


Figure  2b  Minimisation 


DECREMENT 

COUNTER 
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Figure  3  Bit  Synchroniser  Decision  Process 


PROBABILITY  OF  NEW  STATE 


NOW  STATE  DEFINED 

^STATE  (<p,K)  =  ^STATE  ($,K+1)  ^1  |(J»)  +  ^STATE  «}>,  K-  1  HI  -  ^1  ( 0 ) ) 
n+ 1  n  n 

(  FOR  NO  PHASE  ADJUSTMENT  CASE  ) 


Figure  5  Probability  of  New  State 


SLIP  REGION  ******* 


*********  SLIP  REGION 


Figure  6  Transient  Phase  Probability  Distribution 


SIMULATION 


PLL  SYNCHRONIZER 


PROBABILITY 


Figure  9  Probability  of  Detecting  Initial  Sync  Vs  Number  of  Attempts 
for  Various  Correlation  Thresholds 


Figure  11  Probability  of  Detecting  Initial  Sync  Vs  Signal  to  Noise  Ratio 
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SYNC  CODE  ACCEPTANCE 
WITH  BIT  SLIP  PROBABILITY 


Figure  12  The  Probability  of 
Vs  Signal 
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SUMMARY  OF  SESSION  III 
SYSTEM  PERFORMANCE 
by 

H.  VISSINGA,  Session  Chairman 


Seven  papers  were  presented  in  this  session  covering  a  wide  range  of  aspects  of 
system  performance.  These  papers  are  summarised  below. 

"Effects  of  Ionospheric  Modification  on  System  Performance" 

(I  have  neither  an  abstract  nor  a  preprint  available  on  this  paper). 

"HF  Spread  Spectrum,  an  Audit  of  Power  Requirements  and  LPI  Vulnerability". 

In  this  paper  the  consequences  of  the  congestion  of  the  HF  band  are  considered  when 
introducing  spread  spectrum  systems.  In  order  to  maintain  an  acceptable  data  throughput 
the  radiated  power  has  to  be  increased  to  such  a  level  that  this  has  a  significant 
influence  on  the  probability  of  exploitation  by  the  adversary.  Parallel  diversity  is 
proposed  as  a  means  that  offers  a  significant  improvement  in  this  aspect. 

"Combined  Effects  of  Fast  and  Selective  Fading  on  Performance  PSK  and  MSK  with  Coherent 
Detection" . 

In  this  paper  theoretical  results  for  the  required  threshold  for  a  given  errorrate 
are  given  for  a  WSSUS  channel.  For  both  QPSK  and  MSK  results  are  presented  for  different 
Doppler  shifts  and  path  delays. 

"Etude  expdrimentale  d'une  liaison  numdrique  radiomobile  A  dtalement  de  spectre  en 
site  urbain". 

In  this  paper  results  are  presented  of  the  measured  bit  errorrate  of  a  direct  sequence 
spread  spectrum  system  for  the  following  interfering  signals  :  white  noise,  sinusoidal, 
d.s.s.s.  and  multipath  under  simulated  conditions.  On  the  radiochannel  narrowband 
measurements  were  performed  on  the  mean  decrease  of  the  fieldstrength  with  distance 
and  the  fast  variations  of  it  in  a  moving  car.  In  the  wideband  configuration  the  channel 
impulseresponse  was  measured. 

"Packet  Radio  Network  Concepts  for  the  Norwegian  Field  Army". 

In  this  paper  mobile  packet  radio  (PR)  network  concepts  are  described  and  discussed. 

Many  PR  networks  are  connected  through  radio  access  points  to  a  tactical  communications 
area  network.  Each  PR  network  has  its  own  frequency,  access  tc  the  common  channel  is 
governed  by  the  CSMA  technique.  The  radio  equipment  makes  use  of  direct  sequence 
spread  spectrum  modulation.  The  inherent  capture  effect  of  this  has  a  beneficial  effect 
on  throughput. 

"Experimentation  d'un  systSme  de  transmission  de  donndes  par  canal  mdtdorique  :  Thdordme". 
In  this  paper  the  first  phase  of  an  experimental  programme  of  a  meteor  burst  system 
on  a  frequency  of  some  40MHz  over  a  distance  of  350  km  is  described.  The  modulation 
is  FSK,  the  bitrate  16Kbit/s.  With  a  transmitter  power  of  1KW  the  mean  throughput  is 
100  to  150  characters  per  second,  while  the  maximum  is  300  to  400. 

"System  Factors  to  be  Considered  in  Assessing  Propagation  Effects  on  Modern  Satellite 
Communications  Systems". 

In  this  paper,  system  factors  to  be  considered  in  the  assessment  of  propagation 
effects  are  outlined.  The  essence  is  to  point  out  that  for  modern  digital  satellite 
communications  systems  propagation  assessment  has  to  have  proper  system  reference  in 
order  to  provide  readily  useful  conclusions  for  system  engineers. 


EFFECTS  OF  IONOSPHERIC  MODIFICATION  ON  SYSTEM  PERFORMANCE 


Sunian  Ganguly 
Center  for  Remote  Sensing 
8200  Greensboro  Drive,  Suite  503 
McLean,  VA  22102 
USA 


Controlled  ionospheric  modification  can  be  used  for  disrupting  as  well  as  facilitating  communication  and  radar 
systems.  After  briefly  describing  the  results  achieved  with  the  present  day  ionospheric  modification  facilities, 
we  present  a  scenario  for  the  genertion  of  strong  and  significant  ionospheric  modification.  We  present  a  few  schemes 
for  the  development  of  modern  high  power  facilities  using  the  state  of  the  art  technology  and  then  describe  the 
impact  of  such  facilities  on  the  system  performance. 


1.  INTRODUCTION 

Artificial  modifications  of  the  ionospheric  plasma  induced  by  high  power  radio  waves  have  been  studied 
for  the  last  two  decades,  and  these  investigations  have  shown  strong  promise  of  utilizing  these  ionospheric  modi¬ 
fications  for  practical  benefits  as  well  as  understanding  the  involved  physics  of  the  wave-plasma  interactions. 
Interaction  between  the  e.m.  wave  and  the  ionized  plasma  could  be  hard  or  soft.  This  depends  on  the  R.F.  frequency 
(f).  For  hard  interaction,  when  f  >  fj, ,  the  plasma  frequency,  strong  interaction  can  take  place  at  the  crossing 
of  two  r.f.  beams.  This  was  first  proposed  by  Ganguly  and  Gordon  (1984)1 .  The  beat  frequency  produced  by  the 
two  UHF  or  VHF  beams  could  ultimately  cause  plasma  breakdown  and  unlimited  energization  of  the  plasma  (see 
Fig.  1). 


Figure  -  1. 

Although  these  concepts  are  well  established  in  laser  fusion  studies,  there  has  been  no  practical  experiment 
in  the  earth's  ionosphere.  All  the  ionospheric  modification  by  ground  based  wave  injection  has  been  done  with 
H.F.  beams  (soft  interaction).  This  is  mostly  because  for  H.F.  frequencies  the  electric  field  is  enhanced  near  the 
region  of  reflection.  For  low  wave  energies,  nonlinear  forces  arising  through  collisional  forces  have  been  well 
known  since  the  early  days  of  radio  waves.  As  the  power  density  increases,  the  ponderomotive  force  effects  mani¬ 
fest.  A  good  measure  of  this  force  is  determined  when  the  quiver  velocity  becomes  comparable  to  the  thermal 
velocity.  In  the  H.F.  range  this  can  happen  with  power  densities  of  only  mw/m2.  Currently,  ionospheric  modification 
facilities  exist  in  Arecibo,  Puerto  Rico,  in  Alaska,  in  Tromso,  Norway  and  in  several  places  within  the  U.S.S.R. 
During  these  modification  processes  we  have  observed  the  following  features  ; 

a)  Electron  temperature  increases  by  a  factor  of  up  to  about  two  to  five. 

b)  Large  and  small  scale  density  irregularities  are  generated  by  thermal  and  ponderomotive  forces.  Typically 
one  to  ten  percent.  Depending  on  the  scale  size. 

c)  Several  plasma  waves,  instabilities  and  turbulences  are  generated. 

d)  Electron  energization  results  in  enhanced  optical  emission. 

e)  Nonlinear  processes  give  rise  to  wave  mixing  and  wave  generation. 

The  effect  of  these  physical  changes  on  radio  waves  are  summarized  in  Table  I.  The  available  power  densities 
in  all  of  these  facilities  are  too  small  to  create  any  dramatic  change.  With  large  enough  power  densities  the  iono¬ 
spheric  plasma  will  breakdown  (Gurevich,  1978) 2  and  artificial  layers  and  patches  can  be  generated.  (See  Figure 
2).  Once  the  plasma  breakdown  is  attained,  relatively  modest  power  should  be  able  to  sustain  it. 
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Ionospheric  Modification 
by 

H.F.  Wave  Injection 


TABLE  I 

EFFECTS  OF  IONOSPHERIC  MODIFICATION  ON  RADIO  WAVES 

UHF  BAND  Plasma  waves  and  related  instabilities  produce  weak  backscatter  signals.  Scintillation  of  radio  waves 
by  large  (Km)  scale  irregularities  are  well  documented. 

VHF  BAND  Strong  backscater  from  field  aligned  irregularities  observed.  Scintillation  for  transionosphenc  propa¬ 
gation. 

H.F.  BAND  Spread  F,  Multiple  Traces,  Z-Mode  Propagation,  Ducting,  Caviton  &  Turbulence,  Changes  in  H.F. 

Spectra,  Doppler  Shift,  Backscatter,  Nonlinear  Effects.  Changes  in  Attenuation  (WBA)  and  phase 
in  the  F-region  and  D  &  E  regions.  Strong  HF  signals  can  occasionaly  penetrate  the  ionosphere. 

WAVE  Generation  of  beat  frequency  wave,  Helicon,  Alfven,  Whistler,  Ion  Chyclotron  and  Electron  Cyclotron 

GENER-  modes.  Beat  wave  generated  at  the  H.F.  frequency  can  produce  plasma  breakdown  and  can  accelerate 

ATION  electrons.  ULF-HF  propagation  can  be  affected  by  changes  in  lower  ionosphere,  where  the  most  dram¬ 
atic  effect  can  take  place. 

2.  CURRENT  UNDERSTANDING 

In  spite  of  our  demonstrated  ability  to  use  the  artificial  ionospheric  modifications  for  the  control  of  com¬ 
munication,  radar  and  related  areas  and  the  significant  understanding  of  the  wave  plasma  interactions,  our  under¬ 
standing  of  the  involved  physical  processes  has  been  mearge.  Earlier  observations  at  Platteville  initiated  investi¬ 
gations  on  HF  and  VHF  scattering  processes,  whereas  the  investigations  at  Arecibo  prompted  some  interesting 
theoretical  studies  on  the  involved  parametric  and  several  other  plasma  instabilities.  The  parametric  instability 
was  first  discovered  at  Arecibo  and  significant  amounts  of  theoretical  and  experimental  research  has  been  con¬ 
ducted  in  these  areas. 

The  incoherent  scatter  diagnostics  at  Arecibo  also  attracted  some  (although  very  limited)  interests  from 
the  plasma  physics  community.  The  interaction  of  strong  e.m.  waves  with  the  plasma  can  produce  a  wealth  of 
plasma  instabilities  and  other  effects  that  are  difficult  to  study  in  the  laboratory.  Thus,  oscillating  two-stream 
instabilities,  caviton  formation  and  decay,  stimulated  Brillouin  scattering,  thermal  self-focussing,  particle  acceler¬ 
ation,  Z-mode  propagation  have  all  been  observed  at  Arecibo.  Two  major  areas  that  have  been  neglected  are  aero- 
nomical  implications  of  ionospheric  modifcations  and  the  search  for  new  events. 

Very  little  has  been  achieved  in  terms  of  interfacing  the  radio  engineering  communities  with  the  plasma 
physics  group.  Utilization  of  the  wealth  of  plasma  physics  knowledge,  particularly  that  gained  thiough  laboratory 
and  theoretical  studies  related  to  high  energy  physics  and  laser  fusion,  into  the  scaled  version  of  the  ionosphere, 
has  been  attempted  in  a  limited  manner.  Very  little  knowledge  exists  in  the  modifications  of  the  lower  ionosphere, 
generation  of  ULF,  ELF  and  VLF  waves,  possible  generation  of  the  F-region  cavitons  or  plasma  instabilities  and 
plasma  turbulence,  and  their  relationship  with  the  H.F.,  VHF  scattering  process  is  still  unclear.  Scintillation  of 
the  radio  signals  and  even  the  backscatter  of  VHF  signals  are  not  yet  well  understood. 

In  its  upward  journey,  (Figure  3),  the  first  encounter  of  the  radiowave  takes  place  in  the  lower  ionosphere, 
where  it  raises  the  electron  temperatures  and  loses  most  of  its  energy.  It  is  here  that  the  ULF-VLF  waves  could 
be  generated  either  by  modulating  the  ambient  current  or  by  the  dynamo  effect.  Modification  of  the  D-layer  also 
affects  ELF-VLF  propagation.  Creation  of  artificial  layer  is  also  most  efficient  at  these  heights.  If  the  radio  wave 
survives  with  significant  strength,  it  produces  detectable  interaction  in  the  F-region,  where,  because  of  the  reson¬ 
ance  swelling  of  the  E-field  and  because  of  low  collisional  damping,  wave  plasma  interactions  manifest  themselves 
in  creating  an  array  of  plasma  waves,  instabilities  and  density  perturbations  created  by  thermal  and  ponderomotive 
forces. 
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Sketch  of  Intention  of  HF  Wave  in  the  Ionosphere 


Figure  -  3. 


The  large  and  small  scale  density  perturbations  could  be  created  by  thermal  self-focussing,  by  formation 
of  cavitons,  by  interaction  with  ion-sonic  waves  or  by  various  other  instabilities.  Although  parametric  instability 
has  been  reasonably  well  investigated  at  Arecibo,  the  relative  roles  of  the  other  processes  such  as  resonance  inst¬ 
ability,  drift  instability,  oscillating  two  stream  instability,  two  stream  and  plasma  fluid  instability,  ExB  instability, 
etc.  and  also  the  decay  of  dissipative  parametric  instability,  dissipation  of  decay  instability,  nonlinear  thermal 
coupling  of  decay  instability,  trapping  of  plasma  waves  inside  cavitons,  possible  formation  of  solitons,  formation 
of  clumps,  etc.  are  almost  unexplored.  Collapse  of  the  caviton  and  decays  of  various  instabilities  could  eventually 
lead  to  plasma  turbulence  and  accelerate  the  ambient  plasma.  Our  current  state  of  knowledge  of  these  plasma 
processes  is  almost  in  a  state  of  flux. 

Experimental  observations  of  the  formation  of  cavitons  and  large  -  and  small-scale  density  fluctuations 
have  been  meagre.  Little  is  known  about  their  growth,  decay,  threshold  E  dependence,  on  polarization  and  orient¬ 
ation  to  the  magnetic  field  lines.  Even  the  conversion  of  e.m.  waves  into  the  e.s.  wave  modes  and  vice  versa  in 
the  inhomogeneous  plasma  is  little  understood.  It  has  been  suggested  that  excitation  at  UHR  region  could  inhibit 
the  formation  of  plasma  wave  and  instabilities.  Coordined  theoretical  and  experimental  studies  are  needed  to  under¬ 
stand  the  various  instabilities  and  their  relationships  with  irregularity  generation. 

There  are  observations  that  showed  the  strong  plasma  oscillation  generated  by  penetration  of  high  power 
radiowave  through  the  overdense  plasma  (Ganguly  and  Gordon,)5 .  Proper  understanding  of  the  processes  are  lacking 
although  this  has  a  profound  implication  in  the  application  of  space  borne  systems. 

Beat  frequence  ixcitation  and  periodic  modulation  of  the  electric  field  generate  whistler  and  Alfver.  mode 
waves.  These  could  er  several  instabilities  in  the  magnetosphere  and  there  are  evidences  that  auroral  particle 
precipitation  is  enhai  due  to  similar  triggering.  The  auroral  situation  also  offer  exciting  opportunity  of  studying 
field  aligned  electric  field  effects.  Cornwall  and  Vesecky  (1984) 4  critically  reviewed  the  generation  of  Eu  by  non 
MUD  effects  such  as  kinetic  Alfven  waves  and  anomalous  resistvity  as  well  as  phenomena  expected  from  E.  These 
include  beam  driven  instabilities  such  as  electrostatic  ion  cyclotron  or  ion  acoustic  waves  which  can  cause  trapping 
of  upward  moving  bomb  generated  plasma,  as  well  as  precipitation  into  the  ionosphere  of  naturally  occurring  energe¬ 
tic  plasma.  The  field  aligned  electric  field  and  currents  are  known  to  be  associated  with  ion  acceleration. 

VLF  waves  injected  into  the  magnetosphere  from  Siple  Station,  Antarctica  was  amplified  oy  30  db  or  more 
and  triggered  intense  emissions  with  bandwidths  extending  up  to  several  hundred  Hz  (Helliwell 5,  1983).  This  was 
possibly  produced  by  a  feedback  interaction  between  the  waves  and  counterstreaming  cyclotron  resonant  electrons 
in  the  magnetosphere.  Possibilities  produced  by  whilstier  type  mode  or  Alfvenic  modes  and  associated  electron 
precipitation  can  potentially  trigger  a  critically  unstable  magnetosphere  and  precipitate  a  large  scale  magnetic 
storm.  (See  Fig.  4  and  5) 
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Figure  -  4. 

Large  acceleration  of  electron  population  by  magnetic  mirroring  in  the  magnetosphere  could  result.  Ducts 
produced  during  the  ionospheric  modification  favour  radiowave  propagation  over  long  distances  in  the  magneto¬ 
sphere.  Around  the  world  propagation  and  reflection  from  conjugate  points  have  been  reported. 


D  and  E  REGION  PROCESSES 


AURORA).  ElECTRON  6 
POIAR  CEP  PROTON  EVENTS 


Figure  -  5.  Ionospheric  modification  by  natural  processes  and  wave  injection  experiment. 

Also  note  the  feedback  loop  connection  magnetic  storm  generation  &  auroral 
electron  events. 

It  is  apparent  that  a  proper  understanding  of  the  wave-plasma  interaction  would  require  a  range  of  diagno¬ 
stics  covering  a  wide  spectrum  of  scale  sizes  and  a  considerable  amount  of  effort. 

2A.  D-  AND  E-REGION  HEATING  -  TEMPERATURE  AND  CHEMISTRY  CHANGES 

Holway  and  Meltz 6  and  Tomko  et  al.7  predicted  large  increases  in  electron  temperature  in  the  D-  and  E- 
regions  when  irradiated  by  a  high-power  high-frequency  radiowave.  Shlyuger8  reported  the  temperature  rises  by 
a  factor  of  20  to  40.  Absorption  increases  of  25  to  30  db  have  been  reported  and  there  have  been  suggestions 
of  a  saturation  effect.  The  time  constants  for  these  heating  processes  vary  from  tens  of  microseconds  in  the  lower 
D-region  to  several  milliseconds  in  the  E-region.  If  the  enhanced  temperature  is  maintianed  for  a  considrabie 
period,  ion  concentrations,  (both  positive  and  negative)  as  well  as  the  electron  number  densities,  would  possibly 
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be  altered  ’  .  Suggestions  of  complex  changes  involving  Ne  and  Te  have  been  observed  at  Platteville  using  radio¬ 
wave  absorption  as  a  diagnostic9  and  also  during  Soviet  heating  experiments.  During  a  preliminary  experiment 
at  Arecibo,  the  HF  heater  was  cycled  on/off  every  10  secs  and  the  diagnostics  signals  were  used  at  several  frequen¬ 
cies  adjacent  to  the  heater  frequency  of  5.1  MHz  (Figure  6).  Strong  evidence  of  density  changes  m  the  lower 
ionosphere  was  obtained.  Similar  investigations  regarding  time  scales  for  these  heater-induced  changes  and  their 
relative  amounts  would  be  invaluable  in  our  understanding  of  the  lower  ionospheric  processes.  The  disassociative 
recombination  rates  for  O2+  and  NO+  are  reasonable  well  known  to  decrease  with  increasing  Te  as  Te_k,  with  K 
0.5  to  0.6.  Thus  increased  electron  densities  are  predicted  with  increase  in  Te.  There  has  been  no  experimental 
evidence  to  support  the  density  increase.  Only  indications  suggest  a  decrease  in  density. 


PHASE  PERTURBATIONS  OBSERVED  BELOW  AND  ABOVE 
THE  HEATER  FREQUENCY  (5.2  MHz).  HEATER  IS  CYCLED  ON/OFF 
EVERY  10  SECS.  DATE:  07/06/81,  TIME  1506  AST. 

Figure  -  6. 


The  lower  ionosphere  is  further  complicated  by  the  presence  of  negative  10ns.  Dependences  of  the  perturbed 
ensities  in  elevated  Te  can  be  predicted  using  the  temperature  dependences  in  the  chemistry  code.  However, 
most  of  these  rates  and  their  temperature  dependences  are  highly  uncertain  and  significance  improvements  can 
be  made  using  ionospheric  observation10  .  Such  studies  will  be  aimed  towards  demonstrating  the  capabilities  of 
our  current  understanding  of  lower  ionospheric  chemistry  and  predict  therefrom  the  situations  that  could  result 
during  Beta  Patch  or  Artificial  Ionization  Patch  generation.  This  will  help  to  estimate  the  threshold  and  mainten¬ 
ance  power  requirements  for  artificial  layer  formation. 


2B.  SITUATIONS,  CAVITONS,  INSTABILITIES 

k  *k  *n.kthe  *“***  Perturbations  are  produced  by  the  striction  or  radiation  pressure  forces  and  also 

y  the  thermal  forces.  Evidence  for  the  formation  of  quasiperiodic  irregularities  in  electron  density  due  to  the 
presence  of  a  powerful  HF  wave  reflection  in  the  ionosphere  has  been  presented  by  Behkovich  et  al  (1977)  n. 
A  sketch  describing  the  relevant  processes  is  shown  in  Figure  7. 

T,  Tbe  thermal  forces  act  in  creating  density  perturbations  and  irregularities  with  a  much  larger  scale  length. 

°lre4ct  ®v,oenc«  of  the  thermal  self-focussing  effect  was  observed  at  Arecibo  by  Duncan  and  Behnke  12 
'  8Z'- Recent  observations  by  Duncan  indicate  large  density  perturbations  amounting  to  about  50%  or  so  and 
suggestions  have  been  made  that  "thermal  cavitions"  15  were  generated.  Vertical  extent  of  these  patches  could 
pe  several  hundred  km.  Both  theoretical  and  experimental  studies  are  needed  to  understand  the  formation  of  these 
irreguiantiM.  5xPenfneQts  bave  revealed  a  lowering  of  the  electron  density  in  the  wave  reflection  region,  a  shift 
?.  ,he  r?;le.ctlon  P°mt  >  and  a  decrease  of  the  density  in  the  region  of  the  F-layer  maximum  piercing  a  "hole" 
through  the  ionosphere  Severe  focusing  and  defocusing  of  radio  wave  beams  can  take  place. 

P,  °bservat,ons  show  the  presence  of  cavitons  and  plasma  bubbles  and  suggest  the  formation  of  solitons. 

-  „  ma  ,r)slde  t!'e*e  kf8e  Plasma  bubbles  or  cavitions  are  known  to  move  with  acoustic  or  ion  thermal  velocities. 

.  era  P  aSima  lnstabllltles  can  result  near  the  boundaries  of  these  large  scale  density  perturbations.  These  cavitons 
have  teeT  reported*0  SeVera  plasma  oscillations  inside  them  and  suggestions  of  soliton  like  characteristics 

-°f  ,khe  i plaSma  i.nstabi}j.tles  arc  crucia!  t0  an>'  wave-plasma  interaction.  The  wealth  of  plasma 
A wii? S-d,  m  tha  ionofPher;c  modification  could  be  studied  for  advancing  our  knowledge  in  these  areas, 
thermal  instability  or  thermal  caviton  or  ionospheric  blob  can  be  easily  produced  by  heating.  The  ExB  instability 


28-6 


operates  mostly  around  the  edge  of  the  plasma  blobs,  the  thermal  instability  could  structure  the  ionospheric  irregul¬ 
arities  throughout  the  region  of  plasma  enhancements. 


SCENARIO  OF  IONOSPHERIC  MODIFICATION  IN  THE  F-REGION 
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Figure  -  7. 

Very  little  is  understood  regarding  plasma  turbulence.  A  wealth  of  such  turbulences  are  generated  m  the 
ionosphere.  The  plasma  could  move  with  speeds  around  the  thermal  speed  of  the  ions.  Considerable  drift  between 
electrons  and  ions  could  occur  and  several  plasma  instabilities  and  cross  field  instabilities  have  special  relevance 
to  nuclear  explosions  simulation. 
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Figure  -  8. 


Formation  of  spread  F  induced  by  the  H.F.  heater  was  observed  during  the  early  experiments  at  Plateville. 
Although  it  has  been  believed  that  the  spread  F  occurs  as  a  manifestation  of  thermal  self  focussing  a  proper 
theoretical  understanding  or  a  thorough  experimental  observation  has  never  been  attempted.  During  some  preli¬ 
minary  observations  at  Arecibo,  we  did  not  find  any  evidence  for  the  formation  of  spread-F  at  Arecibo.  Occasional 
occurences  take  place  when  the  foF  2  »f  hf  and  when  the  F-layer  is  at  lower  altitude. 

H.F.  diagnostic  experiments  at  Arecibo  also  failed  to  show  any  evidence  of  Wide  Band  Absorption.  Figure  8 
shows  the  amplitude  and  phase  perturbations  produced  by  the  H.F.  heater.  No  significant  changes  are  observed 
in  the  level  of  probing  signals  when  the  H.F.  heater  is  turned  on.  However,  there  are  strong  amplitude  and  phase 
fluctuation  produced  by  the  heater  induced  formation  of  irregularities.  By  using  several  diagnostic  frequencies 
around  the  heater  frequency,  we  could  determine  the  vertical  extent  of  these  large  scale  irregularities. 

Irregularities  can  be  diagnosed  by  using  several  other  interesting  H.F.  probing  techniques.  These  include 
sky  map  and  high  resolution  spectral  observation.  The  scattering  from  the  artificial  irregularities  (with  scale  sizes 
of  the  order  of  first  Frenel  zone)  shows  a  doppler  broadening  of  w  8  Hz  (Fig.  9).  This  would  indicate  the  scattering 
region  moving  away  with  speeds  near  the  acoustic  speed.  When  the  reflection  takes  place  in  the  Es  region,  a  large 
scattered  field  (20-30  db  below  the  main  signal)  is  often  observed. 
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Figure  -  9.  Spectrum  of  the  reflected  signal  from  the  ionosphere.  Vertical  scale  is  80  db. 

Horizontal  scale  is  50  Hz  centered  at  the  heater  frequency  of  5.1  MHz. 

Use  of  pulse  and  cw  sounding  at  several  frequencies  around  the  heater  frequency  is  a  very  powerful  diagno¬ 
stic.  Our  experiences  at  Arecibo  have  shown  strong  promise  for  this  technique  and  further  studies  are  suggested 
towards  obtaining  data  on  striated  plasma  structure  and  understanding  the  role  of  various  instabilities,  cavitons, 
solitons  and  their  roles  on  HF-UHF  systems. 

One  of  the  most  important  of  the  plasma  instabilities  e.g.  the  parametric  instability  w first  discovered 
it  Arecibo15.  This  manifests  itself  as  a  strong  plasma  line  at  a  frequency  which  is  offset  from  the  radar  frequency 
by  almost  equal  to  the  H.F.  frequency.  Inspite  of  significent  developments  being  made  in  understanding  these 
plasma  processes  our  knowledge  is  still  almost  in  a  state  of  flux.  Recent  observations  by  Ganguly  show  that  these 
instabilities  are  generated  from  a  few  localized  centers  near  the  region  of  reflection  of  the  H.F.  signal.  Typically, 
the  affected  region  is  less  then  1  Km.  in  extent. 


2C.  NONLINEAR  MIXING  PROCESSES 

When  the  ionosphere  is  illuminated  with  two  strong  HF  signals,  nonlinear  mixing  processes  can  take  place 
near  the  region  of  reflection.  The  first  direct  experimental  evidence  of  such  processes  occurring  in  ionospheric 
plasma  have  been  presented16.  The  experiments  were  performed  at  Arecibo,  where  the  HF  ionospheric  modifier 
was  split  to  operate  as  two  pure  isolated  and  indepenedent  pumps  over  the  frequency  range  of  3-8  MHz  and  the 
frequency  oifference  between  the  two  pumps  was  varied  between  a  fraction  of  a  Hz  and  several  kHz.  The  purity 
of  the  transmitted  signals  was  always  ensured.  Strong  nonlinear  effects  were  observed  when  the  frequency  dif¬ 
ference  was  several  Hz. 

Specifically,  the  HF  signal  from  the  ionosphere  contained  sidebands  which  were  multiples  of  the  difference 
(  A  f)  between  the  two  pumping  frequencies.  The  first  sidebands  were  typically  20-40  db  below  the  pump  signal 
(see  Figure  10).  The  strengths  of  the  first  sidebands  increased,  when  the  difference  (Af)  between  the  two  pumping 
frequencies  decreased.  Below  about  5-10  Hz,  the  power  in  the  first  sidebands  varied  almost  in  f’n  fashion,  with 
n  between  1  and  2.  The  power  in  the  sidebands  was  also  a  strong  nonlinear  function  of  the  incident  pump  field 
strength,  showing  the  presence  of  a  threshold.  It  is  suggested  that  studies  of  such  nonlinear  mixing  process  (17,18> 
would  be  valuable  both  for  diagnostic  and  practical  usage  of  ionospheric  plasma. 

With  high  spectral  resolution  it  is  often  possible  to  identify  multiple  hops  of  the  main  cw  signal.  The  indivi¬ 
dual  peaks  are  separated  by  small  doppler  shifts,  which  may  be  as  low  as  0.1  Hz.  We  also  measure  the  attenuation 
for  the  first  hop  3-7  db  larger  than  the  subsequent  hops.  This  is  the  nonlinear  absorption  which  depends  on  the 
incident  field  and  our  results  demonstrate  the  importance  of  precise  frequency  matching  for  this  energy  to  be 
mode  coupled  to  stable  plasma  waves. 
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Figure  -  10.  Spectrum  of  the  signal  received  at  Arecibo.  The  frequency  difference 
between  the  two  pumps  was  10  Hz. 

2D.  ULF-VLF  GENERATION 

The  nonlinear  process  could  also  generate  the  beat  frequency  itself.  Several  processes  exist.  These  are  : 


a)  Modulation  of  ambient  ionospheric  currents 

b)  Ponderomotive  force  effects 

c)  Dynamo  effects. 

Generation  of  ULF-VLF  waves  is  a  subject  of  topical  research19.  There  are  strong  suggestions  that  modula¬ 
tion  of  ambient  currents  give  rise  to  VLF-ELF  signals.  Proper  experiments  need  to  be  performed  for  the  ULF 
band. 


3.  STRONG  HEATING 

With  the  advent  of  very  high  power  microwave  sources  such  as  gyrotron  or  free  electron  lasers,  GW  levels 
of  power  can  be  generated.  This  creates  a  situation  where  hard  interactions  might  be  utilized  as  suggested  by 
Ganguly  and  Gordon  for  beat  wave  acceleration  or  for  microwave  breakdown  suggested  by  Gurevich9. 

Artificial  breakdown  suggested  by  Gurevich1  and  original  by  Bailey  (1937)  has  recently  been  the  subject 
of  some  interest.  With  large  enough  power  densities  the  air  will  breakdown.  The  technology  of  developing  proper 
antenna  feed  system  to  handle  the  necessary  power  density  needs  to  be  developed. 

The  artificial  Ionized  layer  however  may  not  be  able  to  support  useful  radio  ware  propagation.  This  is  be¬ 
cause  of  the  diffuse  boundary  of  the  layer  and  the  tremendous  losses  associated  with  such  a  boundary  in  a  highly 
collisional  regime.  Thus  instead  of  an  ionized  mirror  it  will  turn  out  to  be  an  absorber.  Prediction  of  the  power 
requirement  for  the  creation  of  artificial  layers  would  also  require  a  better  understanding  of  the  ionizing  processes 
in  the  presence  of  several  minor  constitutents.  As  the  ambient  electrons  are  heated,  some  of  them  (in  the  tail 
of  the  distribution)  will  start  ionization  by  collision.  To  be  effective,  the  rate  of  ionization  must  be  larger  then 
the  predominent  losses  e.g.  the  attachment  and  consequent  formation  of  negative  ions.  Unfortunately  our  under¬ 
standing  of  the  negative  ion  chemistry  of  the  ambient  D-region  is  in  a  state  of  flux  and  further  studies  are  needed 
regarding  the  formation  and  detachment  of  the  negative  ions.  Both  in  the  presence  and  absence  of  sunlight. 

Our  current  knowledge  about  ionospheric  processes  needs  to  be  properly  and  critically  assessed  before  we 
can  understand  the  complex  forces  that  would  be  responsible  in  affecting  tne  artificial  ionized  layer.  The  relevant 
forces  include  turbulence,  drift,  diffusion,  motion  of  various  sorts,  inhomogeneties  in  both  horizontal  and  vertical 
dimensions  and  furthermore  the  complex  chemistry  of  both  the  positive  and  negative  ions. 

Several  other  possible  uses  of  the  very  high  power  radio  waves  have  been  suggested.  These  include  : 

a)  Directing  Radio  Waves. 

By  artificial  ionization  and  scatterers  one  could  produce  new  paths  for  radio  waves.  By  varying 
the  frequency  and  angle  of  the  modifying  beam,  shaped  reflecting  or  scattering  region  could  be  pro¬ 
duced.  Some  of  these  potential  uses  are  : 
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a.  OTH  Radar 

b.  Covert  communication 

c.  ELOS  communication 

d.  Setting  up  unattainable  communication  or  radar  links, 
b.  Create  Scintillation  &  Scattering  : 

Irregularities,  localized  patches,  density  perturbations  and  plasma  oscillations  degrade  communi¬ 
cation  channels.  Scale  size  of  km  to  cm  are  involved.  All  the  radio  frequencies  will  be  affected 
to  some  degree.  Effects  at  HF,  VHF,  UHF  and  S-band  have  been  observed.  For  the  UHF  and  S-band 
the  plasma  oscillations  with  wavelengths  of  cm  or  so  produce  strong  Bragg  scattering. 

Space  borne  radars  are  strongly  affected  by  scattered  signal  from  these  irregularities  and 
plasma  fluctuations.  These  would  appear  as  strong  clutter  with  large  doppler  shifts.  The  heated  plasma 
could  have  speeds  comparable  to  the  sound  speed.  By  directing  the  modifier  wave  injection  angle 
one  could  produce  a  shield  against  space  Radars.  Even  weak  backscattered  signal  is  significant  because 
of  the  large  beamwidth  of  space  radars.  Because  the  motion  of  the  irregularities  can  be  up  to  kms, 
MTI  technique  will  not  be  able  to  resolve  the  clutter  (See  Figure  11). 


SHIELD  AGAINST  SPACE  RADAR 


c) .  The  energised  plasma  could  create  optical  and  I.R.  emissions  to  blind  the  space  based  sensors.  If 

sufficiently  energised  they  might  initiate  a  lighting  bolt  effect  from  the  ionosphere. 

d)  Control  of  irregularities  (both  generation  and  suppression)  and  triggering  of  magnetic  storm  would 
allow  a  similar  control  over  the  HF/VHF  propagation  channels.  The  affected  parameters  are  attenu¬ 
ation,  fading  and  loss  of  coherency. 


4.  CONCLUSION 

The  existing  ionospheric  modification  facilities  both  in  U.S.A.  and  in  U.S.S.R.  do  not  produce  any  significant 
effect  in  the  practical  communication  system.  To  be  effective,  the  oblique  "heating"  must  be  utilised.  We  in  US. A. 
have  not  observed  significent  manifestations  of  oblique  heating.  With  the  vertical  heating,  the  ionosphere  overhead 
the  heater  can  be  perturbed  to  some  extent.  For  a  communication  system,  the  irregularities  with  the  size  of 
a  Fresnel  size  are  generally  of  significance.  Thus  scintillations  of  a  few  percent  can  be  produced  for  VHF-UHF 
band  transionospheric  signals.  This  applies  for  both  the  amplitude  and  phase.  For  H.F.  signals  the  worst  case  fading 
of  some  29-30  dB  might  be  introduced  with  overhead  heater.  Although  there  has  been  no  quantitative  measurement, 
it  is  believed  that  attenuation  can  be  increased  by  some  20  dB  or  so  both  with  vertical  and  oblique  heating. 

When  the  technology  for  GW  power  heating  becomes  available,  we  do  expect  some  interesting  changes. 
However,  it  is  believed  that  more  detailed  knowledge  about  specific  areas  of  the  ambient  ionosphere  is  desirable 
before  we  can  start  understanding  the  behavior  of  the  disturbed  ionosphere.  This  is  particularly  evident  in  the 
lower  ionosphere  and  in  the  wave  plasma  interaction  studies  in  the  F-region. 

It  must  be  realized  that  the  subject  of  ionospheric  modification  is  almost  in  an  embryonic  state  and  does 
not  allow  conclusive  inferences  to  be  drawn  as  to  the  potential  applications  of  the  techniques  for  C  3  and  related 
systems.  For  one,  the  facilities  needed  to  create  useful  ionospheric  modification  with  the  present  day  technology 
do  not  appear  to  be  transportable.  Development  of  microwave  facilities  would  require  technology  improvement 
in  feed  design.  The  impact  of  such  systems  on  the  various  aspects  of  C3  need  to  be  judiciously  evaluated  by  respon¬ 
sible  radio  scientists. 
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DISCUSSION 

K.C.  YEH 

Are  there  calculations  that  show  the  power  density  required  in  the  ionosphere 
in  order  to  enhance  the  ionization  density  to  such  an  extent  so  as  to  shield 
a  ground  based  radar  ? 

AUTHOR'S  REPLY 

Yes.  GUREVICH  published  the  power  densities  needed  to  create  and  maintain 
air  breakdown.  Generally,  with  enough  power  one  can  create  ionization  up 
to  the  frequency  of  the  disturbing  or  ionizing  source.  Thus  with  S-band 
heating  ionization  is  possible  that  could  reflect  or  absorb  frequencies  up 
to  S-band. 

Specific  applications  in  relation  to  reflecting  the  radar  waves  from  such 
an  artificial  layer  are  being  looked  into  by  AFGL,  ARCO  and  SAIC. 

D.J.  FANG 

I  like  to  follow-up  Prof.  K.C.  YEH's  question.  If  the  strong  ionization  by 
heating  is  to  be  created  at  a  height  of  about  go  to  5 0  km,  then  the  diffusion 
all  kinds  of  diffusion,  would  kill  it  quickly.  What  is  the  time  scale  of 
damping  ? 

And  is  it  worthwhile  to  create  an  ionization  by  an  order  of  Giga-Watt  power 
for  only  a  short  period  of  time  ? 

AUTHOR'S  REPLY 

With  sustained  heating  the  ionization  could  be  maintained.  But  the  ionization 
will  diffuse  and  thus  create  heavy  attenuation  for  radio  waves  passing 
through  the  region.  Thus  instead  of  a  mirror  it  will  be  an  absorber.  AFGL 
thinks  it  will  get  a  mirror. 
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SUMMARY 

Electronic  Counter  Measures  and  the  response  to  ECM  has  been  widely  introduced  in  frequency  Lands 
other  than  HF.  The  unique  characteristics  of  HF  generate  a  different  set  of  problems.  Ir  tnis 
overview,  the  normal  hygienic  measures  that  can  be  adopted  for  communication  are  reviewed.  Force 
fitting  of  trends  in  spectral  occupancy  has  revealed  that  the  power  penalty  to  be  paid  for  low  error 
rate  frequency  hopping  could  be  prohibitive.  The  arguments  used  here  may  shed  new  light  on  the 
differing  views  taken  with  respect  to  the  VHF  band,  where  the  choice  of  location  could  influence  the 
efficacy  assessment.  Parallel  diversity  over  a  restricted  bandwidth  appears  to  offer  a  low 
probability  of  intercept  in  the  case  of  dense  occupancy  and  thus  negate  the  need  for  excessive 
frequency  hopping  powers. 

1  Introduction 


For  some  years  now  the  communication  industry  as  well  as  the  Military  Establishments  have  been 
active  in  evaluating  different  Electronic  Warfare  communication  systems.  Widely  differing  views 
are  taken  of  the  efficacy  of  such  systems ,  surprisingly  this  even  applies  in  cases  where 
transmissions  are  limited  by  propagation  laws  such  as  are  encountered  in  the  VHF  and  UHF  bands. 

The  High  Frequency  band  by  its  very  nature  produces  a  far  more  complex  set  of  problems: 

a)  Skywave  propagation  means  that  the  transmission  range  is  significantly  greater  than  line  of 
sight  and  hence  the  spectral  occupancy  is  greater. 

b)  The  Bandwidth  of  HF  is  greater  than  those  encountered  in  the  VHF  and  UHF  bands  and  moreover 
the  physical  laws  governing  propagation  vary  considerably  across  the  band. 

Because  of  this,  any  discussion  about  the  approach  to  Electronic  Warfare  (EW)  in  the  HF  band 
should  be  two  pronged.  The  first  and  obviously  the  most  significant  aspect  evolves  around 
operational  needs  for  communications;  ie  are  we  primarily  concerned  with  strategic  or  tactical 
communications?  In  the  case  of  VHF  and  UHF,  unless  these  frequency  bands  are  part  of  a  satellite 
system,  the  attainable  range  (line  of  sight)  fairly  puts  their  usage  in  the  tactical  category. 

HF  could  offer  both  strategic  and  tactical  communications  as  either  skywaves  or  groundwaves.  In 
fact  the  groundwaves  range  at  the  lower  end  of  the  HF  band  offers  a  greater  reach  than  either  VHF 
or  UHF. 

The  second  leg  of  the  two  pronged  argument  is  entirely  concerned  with  the  physical  constraints 
imposed  when  using  HF.  And  here,  as  will  be  also  shown,  the  arguments  yet  again  bifurcate.  Is 
it  Anti-Jam  (AJ)  that  should  dominate  our  thoughts  or  it  is  Low  Probability  of  Intercept  or 
Exploitation  (LPI/LPE)?  AJ  may  well  have  an  LPE  feature  implicit  in  its  nature,  but  as  will  be 
shown  later  in  this  paper,  it  is  apparent  in  HF  that  one  cannot  have  it  both  ways. 

Therefore,  in  order  to  bring  some  order  into  the  reasoning  with  regard  to  physical  limitations, 
it  is  important  that  one  first  considers  the  common  features  to  which  both  AJ  and  LPI  will  be 
subjected,  and  then  separately  the  specifics  that  could  apply  to  either.  It  is  the  intention  in 
this  paper  to  bring  some  logic  to  bear  on  what  might  otherwise  turn  into  a  rather  chaotic 
discussion.  To  start  with  we  must  consider  the  boundaries  of  the  operational  logic  as  this 
covers  the  approach  that  the  users  would  really  wish  to  pursue  if  all  other  considerations  were 
to  be  equal.  At  the  same  time  it  is  assumed  that  LPE  due  to  specific  platform  signatures  can  be 

ignored  as  not  being  part  of  this  treatise's  argument. 

2  Operational  Considerations  in  Terms  of  the  Physical  Environment 

If  one  assumes  that  the  primary  requirement  of  any  communication  system  is  to  convey 
intelligence,  then  the  possibility  and  worry  that  an  adversary  might  achieve  any  sort  of 
advantage  by  listening  in  on  a  conversation  must  take  second  place.  The  widespread  use  of 

Cryptography  implies  that  an  adversary  does  not  have  immediate  access  to  the  type  of  intelligence 

that  is  being  conveyed,  he  is  therefore  mainly  limited  in  his  exploitation  to  the  location  and 
discernment  of  the  nature  of  the  platforms  from  which  any  communication  emanates.  Ideally,  we 
wish  to  reduce  the  limited  probability  of  exploitation,  while  still  securing  good  link 
reliability. 

To  set  the  scene  for  the  subsequent  reasoning,  some  well  established  truisms  must  first  of  all  be 
revisited.  The  methodology  for  reducing  the  probability  of  exploitation  is  by  no  means  clear 
cut.  It  is  only  fair  to  state  that  groundwaves  intercepts  tends  in  general,  to  provide  better 
results  to  an  interceptor  than  skywaves.  Ignoring  such  effects  as  for  example  the  diffraction  at 
the  sea  to  land  coastal  interface,  one  can  say  that  for  groundwaves,  bearings  tend  to  be  more 
accurate  and  propagation  distortion  is  avoided.  But  LPE  is  never  assured  and  resorting  to 
skywave  transmissions  per  se,  merely  increases  the  difficulty  for  an  adversary.  It  is  also  self- 
evident  that  the  further  away  from  any  communication  link  that  an  interceptor  is  forced  to  work, 
the  more  difficult  that  exploitation  becomes.  Thus  the  choice  of  frequency  and  hence  the  skip 
distance  will  play  an  important  role  in  lowering  the  probability  of  exploitation,  particularly  so 


as  a  consequence  of  skywave  selection,  the  skip  distance  will  or  can  also  preclude  members  of  a 
task  force  from  access  to  the  general  interchange  of  data.  In  other  words,  the  complement  of  the 
truism  that  any  transmission  is  bound  to  be  vulnerable  to  interception  is  also  true.  Denial  of 
access  to  an  adversary  by  employing  physical  phenomena  such  as  skip  distance  also  denies  access 
to  friendly  users  caught  in  these  denied  areas.  All  of  these  discussions  are  self  evident,  but 
they  do  lead  towards  a  conclusion  that  the  choice  of  frequencies,  groundwaves  versus  skywaves, 
etc,  are  essentially  those  for  specific  operational  conditions.  It  is  only  in  the  case  where 
extremely  high  data  or  chip  rates  are  concerned,  that  groundwave  transmission  is  indicated, 
unless  single  frequency  adaptive  modems  are  to  be  employed.  But  the  latter  cannot  easily  be 
employed  in  a  networked  situation  as  the  idiosyncrasies  of  each  of  the  skywave  paths  are  likely 
to  be  unique  for  each  of  the  network  connections. 

Thus  far  it  appears  that  few  choices  are  available  to  anyone  in  the  search  for  an  LPE  advantage. 
This  picture  changes  rapidly  when  we  add  interference  into  the  picture.  It  is  interference  which 
offers  the  mechansim  for  hiding  transmissions. 

Operational  Considerations  in  Terms  of  Interface 

Communications  can  be  interfered  with  deliberately  as  in  the  case  of  ECM,  or  accidentally  by 
legitimate  users  of  the  spectrum.  Indeed  Gott  et  all  have  demonstrated  that  the  latter  form  is  a 
major  effect  in  the  HF  spectrum.  (Refs  1  and  2). 

Since  World  War  II  power  levels  of  transmission  seem  to  have  crept  up  to  where  we  now  employ 
power  levels  that  correspond  to  some  10  Joules  per  Baud  over  major  theatres  of  operation.  In 
other  words  the  cocktail  party  syndrome,  where  people  gradually  increase  their  audio  power  level 
until  the  reliance  on  directional  diversity  dominates,  is  also  prevalent  in  the  HF  spectrum. 
System  designers  must  recognise  this  fact  in  that  omnidirectional  transmission  links  are  no 
longer  subject  to  common  sources  of  noise  such  as  atmospherics,  but  rather  they  are  likely  to  be 
subjected  to  interference  where  the  sources  will  tend  to  favour  one  side  of  a  link  more  than 
another.  In  the  northern  hemisphere,  for  example,  atmospheric  noise  or  remnants  of  the 
thunderstorms  which  originate  in  the  tropical  land  masses,  produce  a  noise  plateau  which  appears 
to  be  more  or  less  common  to  all  the  participants.  The  origins  of  interfering  transmissions 
cannot  be  treated  as  such.  To  illustrate  this,  a  rather  extreme  case  will  be  used.  Ignoring  at 
this  stage  the  EW  methodologies  that  could  be  employed,  one  can  describe  a  typical  fleet  landing 
task.  Probably  the  most  precarious  situation  that  arises  occurs  at  the  time  of  command  handover 
from  the  senior  officer  of  the  fleet  to  this  Army /Marine  counterpart.  At  this  time,  the  task 
force  position  may  be  as  indicated  in  Figure  1.  The  landing  fleet  is  crucially  dependent  on 
receiving  unequivocable  orders  (Rx).  These  are  likely  to  derive  from  say,  a  Flagship  which  is 
positioned  behind  the  landing  task  force  (Tx).  If,  as  illustrated  in  Figure  1,  the  distances  are 
2:1,  then  if  a  c.astal  interferer  (deliberate  or  otherwise)  manages  to  create  a  situation  where 
the  Flagship  needs  to  increase  its  power  significantly,  (to  be  effective  vis  a  vis  the  Landing 
Fleet),  then  a  potential  interceptor  has  attained  a  significantly  improved  advantage 
geographically.  In  this  simplistic  case,  it  is  assumed  that  the  received  power  from  the 
'interceptor'  at  least  equals  the  initial  power  received  from  the  Flagship.  It  is  also 
implicitly  taken  that  the  inverse  power  law  of  path  attentuation  will  prevail  in  this  situation. 
The  resultant  geometrical  relationships  need  not  be  expounded  on  here  as  they  are  the  classical 
case  of  the  'Circle  of  Appollonius' .  Similar  pictures  can  be  derived  for,  say,  a  Battle  Fleet  in 
transit.  Here  too,  the  directionality  of  the  transmission  paths  plays  an  important  role,  but 
more  so,  the  dispersal  of  platforms  add  yet  another  dimension.  For  example,  a  Flagship  in  the 
middle  of  a  communication-active  cluster  is  subject  to  greater  interference  than  say,  a  far  off 
platform  which  may  be  on  picket  duty.  The  transmission  power  demanded  from  the  picket  platform 
will  be  dictated  by  the  noisy  cluster  containing  the  command  platform  and  this  may  make  the  the 
picket  platform  more  vulnerable  to  counter  EW  measures.  In  the  final  analysis,  the  decision  of 
risk  must  be  an  operational  one,  ie,  how  vulnerable  is  the  command  structure  without  the 
intelligence  derived  from  the  picket  position? 

Precise  in  situ,  mechanical  analysis  is  not  possible  nor  is  it  in  the  opinion  of  the  author 
necessary.  One  cannot  precisely  analyse  the  effect  of  mutual  interference  within  a  vast  fleet, 
particularly  as  the  situation  is  a  dynamic  one.  There  a:e  some  operational  alternatives  which 
will  be  discussed  later  on. 

It  is  at  this  stage  important  to  have  some  measure  of  the  dynamics  that  can  occur  in  a  real 
situation  and  this  is  a  subject  to  be  dealt  with  next. 

Reciprocity  Versus  Interference 


A  danger  exists  in  believing  that  the  reciprocal  behaviour  of  any  one  transmission  path  could  in 
any  way  imply  identical  conditions  for  both  participants.  This  was  recognised  by  Redifon  and  as 
a  result  of  an  unsolicited  proposal  to  the  Royal  Navy,  the  RN  through  ARE,  carried  out  some 
trials  with  a  demonstrator  system  in  which  the  power  -as  adjusted  'on  demand'  by  a  simple 
revertive  protocol.  (Reference  3). 

The  trial  was  carried  out  on  land,  its  range  was  relatively  short  at  some  300km-  Even  at  this 
short  range,  the  diversity  of  power  demand  between  the  notional  slave  and  master  station  was  far 
greater  and  dynamically  variable  than  was  expected,  ie  the  mnxium  range  in  favour  of  the  master 
was  fl8  dB  and  the  maximum  range  in  favour  of  the  slave  was  some  21)  dB.  Thus  the  total  dynamic 
range  experienced  was  some  72  dB.  All  of  the  experiments  were  carried  out  with  a  block  repeat 
system,  such  that  the  traffic  plus  the  repeat  overhead  would  be  restricted  to  the  order  of  1.35 
times  the  primary  traffic. 
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The  experimental  results  were  limited  in  terms  of  time,  diurnal  and  seasonal  variations. 
Nevertheless  the  wide  dynamic  range  experienced  is  in  itself  sufficiently  indicative  of  the 
considerable  variations  that  can  occur  in  the  stochastic  environment  of  the  HF  spectrum. 

Last  but  not  least,  it  may  be  worth  quoting  that  on  average,  local  interference  conditions  tended 
to  persist  typically  for  some  14  minutes  at  more  or  less  constant  levels. 

With  this  indication  of  the  dynamics  of  local  variability  it  is  worth  to  review  the  behaviour  of 
channel  occupancy  as  reported  by  Gott  et  al,  without  the  concern  of  the  actual  power  reference. 

5  Channel  Occupancy 

Probably  the  best  reference  sources  of  channel  occupancy  information  are  those  provided  by  Gott 
et  al  (Ref  1  and  2),  and  these  will  be  referred  to  in  the  following  discussions.  In  both  the 
references,  measurements  performed  in  1981  and  1982,  a  cursory  glance  at  the  tabulated  results 
show  that  there  is  an  orderly  trend  in  the  behaviour  of  channel  occupancy  in  spite  of  a 
pronounced  scatter.  It  is  this  trend  which  one  may  wish  to  discern,  as  it  is  indicative  of  the 
overall  occupancy  versus  power  relationship. 

Using  the  results  of  the  1982  observations  and  starting  at  3  MHz,  (while  precluding  the  broadcast 
channels),  the  figures  provided  were  subjected  to  a  forced  fitting  exercise  and  the  outcome  of 
this  is  shown  in  Figure  2.  Initially  all  the  results  were  gathered  in  classes  of  some  5?,  ie  90 
-  95 ?,  85  -  90%  occupancy  and  then  their  trends  in  terms  of  lOdB  increases  were  grouped.  Because 
of  the  uncertainty  of  channel  occupancy  versus  atmospheric  noise  as  noted  by  Gott  et  al  the  class 
of  95  -  100?  occupancy  was  also  ignored. 

It  must  be  appreciated  that  for  the  purposes  of  this  exercise,  the  values  as  presented  by  Gott 
were  only  used  to  discern  dynamic  trends.  Detailed  behaviour  versus  bandwidth  as  presented  by 
Moulsley  (Ref  4)  further  endorses  that  the  dynamic  trends  remain  the  same  for  differing 
bandwidths,  only  the  absolute  values  alter.  The  conclusions  being  that  over  a  restricted 
bandwidth  interference  can  be  treated  as  quasi-Gaussian.  This  proposition  is  further  supported, 
although  indirectly,  by  the  practical  results  reported  at  the  same  conference  in  a  paper  by  D  D 
McRae  and  F  A  Perkins.  In  their  final  set  of  curves,  they  relate  power  versus  power  distribution 
for  different  Baud  rates  and  the  50?  or  mid  point  exhibits  more  or  less  a  constant  Joules  per 
Baud  relationship. 

Thus  if  we  were  to  consider  a  frequency  hopping  system,  where  it  may  not  be  possible  to 
selectively  predict  the  occupancy  state  of  all  the  channels  to  be  used,  the  cocktail  party 
syndrome  could  demand  a  very  high  power  price  to  achieve  an  error  rate  of  say  only  a  few  percent. 
The  unpredictability  of  channel  occupancy  on  either  side  of  a  link  was  discussed  earlier, 
resulting  from  a  variability  of  some  72  dB.  Consequently,  minimising  the  probability  of  error 
rate  to  2?,  will  require  power  levels  in  the  hopping  range  where  the  transmitter  on  average 
becomes  visible  to  anyone  by  some  10  dB  in  98?  -  or  by  some  40  dB  in  well  over  half  (84?)  of 
potentially  used  channels,  at  a  range  equivalent  to  the  'legitimate'  receiver,  more  so  of  course 
if  the  interceptor  is  even  closer  and  less  if  he  is  further  away.  This  is  by  no  means  a 
satisfactory  scenario.  Further  forced  fitting  exercises  also  reveal  that  bandwidth  reduction 
make  very  little  difference  in  this  power  versus  occupancy  relationship  until  the  bandwidth  is 
reduced  to  300  Hz  and  below,  but  even  here,  the  apparent  improvement  (based  on  limited  data)  is 
that  only  0.4  of  channels  remain  occupied  for  10  dB  increase  in  power. 

Although  the  previous  numerical  example  is  self-explanatory,  it  is  of  value  to  provide  a  range  of 
worked  data  as  shown  in  Table  1.  The  higher  tolerable  error  rates  would  be  permissible  if  some 
form  of  error  correction  is  included  in  the  communications  protocol. 

Table  1 


?  Visibility  of  Channels  to  Interceptor 
@  Power  Level  above  Background 


Error  Rate  (?) 

lOdB 

20dB 

30dB 

40dB 

50dB 

1 

99 

98 

96 

92 

84 

2 

98 

96 

92 

84 

64 

3 

97 

94 

88 

76 

52 

4 

96 

92 

84 

68 

36 

5 

95 

90 

80 

60 

20 

6 

94 

88 

76 

52 

4 

Although  Table  1  is  only  an  arithmetic  extension  of  the  previous  example,  it  illustrates 
graphically  the  potential  vulnerability  of  a  hopping  system  to  interception.  Consider,  for 
example,  the  last  line.  If  the  link  can  tolerate  a  6?  intrinsic  error  rate,  which  is  probable 
the  norm  in  case  of  a  simple  error  detection  system,  then  provided  the  interceptor  has  the 
physical  capacity,  he  could  discern  some  52?  of  the  hopped  signals  even  if  he  is  geographically 
disadvantaged  by  the  equivalent  distance  of  40  dB.  Any  LPE  advantage  that  a  hopper  offers  in  the 
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HF  band,  appears  to  be  one  of  physical  resources  needed  to  intercept,  ie,  the  investment 
differential  between  the  communication  and  interception. 

More  than  anything  else,  these  examples  show  that  the  normal  variability  of  power  .  evels  in  the 
channels  would  put  an  HF  AJ  hopping  system  at  a  clear  LPE  disadvantage  as  against  a  system  where 
the  background  noise  level  is  truly  Gaussian  and  hence  more  or  less  uniform,  or  for  that  matter 
non-orthogonal. 

This  problem,  although  specifically  acute  in  the  HF  band,  would  equally  apply  to  VHF  close  to  the 
FEBA.  Indeed  in  Middle  Europe,  where  potential  adversaries  use  an  identical  band  of  frequencies, 
the  problem  is  further  complicated  by  congestion.  In  the  case  of  HF,  the  'status  of  conflict' 
has  yet  a  further  effect  on  this  syndrome.  In  an  all  out  conflict  large  numbers  of  civil 
transmitters  would  be  off  the  air,  although  during  the  transition  period  between  peace  and  war 
one  might  expect  that  HF  activity  would  be  even  higher  than  during  peace  time.  These  above 
examples  illustrate  that  a  potential  interceptor  may  be  quite  successful  in  his  exploitation  at 
distances  considerably  greater  than  those  dictated  by  the  error  rates  that  are  intrinsically 
tolerable  to  the  communicators.  It  must  not  be  forgotten  either  that  the  interceptor  may  yet 
have  at  least  a  further  10  dB  advantage  in  his  location  techniques  as  he  is  likely  to  employ  some 
form  of  directional  technology  which  would  eliminate  the  effect  of  other  'interferers' . 

Last  but  by  no  means  least,  we  must  consider  the  implications  of  the  scatter  illustrated  in 
Figure  2. 

At  low  level  error  rates,  the  direct  relationship  between  blocking  channels  and  potential  errors, 
as  shown  in  Table  1,  is  wholly  justified.  At  higher  levels  of  error,  or  in  effect  lower  power 
blocking  levels,  the  situation  is  not  the  same.  For  a  start,  blocking  power  levels  are  not 
evenly  distributed.  Also  it  is  normal  for  AJ  systems  to  have  channel  bandwidths  well  in  excess 
of  communication  bandwidths.  Thus  if  each  one  of  the  hopped  channels  is  significantly  wider  than 
a  normal  communication  channel,  it  is  likely  that  every  so  often  several  high  levels  will  occur 
within  one  hopped  channel.  Consequently,  we  are  likely  to  experience  significantly  more 
pronounced  low  level  occupancy  bunching.  Indeed  the  min  max  scatter  of  Figure  2  confirms  this. 

To  cater  for  this,  we  would  need  to  introduce  a  statistical  relationship,  which  in  a  simplified 
form  states  that  the  yield  of  good  data  chips  is  likely  to  be: 

Yield  =  exp  (-n/N) 

where  n  is  the  number  of  error  producing  channels 
N  is  the  number  of  hopping  channels 

As  stated  before  this  modification  applies  to  situations  where  the  dimensions  of  error  or  fault 
sources  are  significantly  smaller  than  the  operating  dimensions. 

The  implications  of  this  modification  are  not  particularly  helpful  to  the  error  rate 
considerations  for  a  frequency  hopping  communication  link.  However,  as  Figure  2  would  indicate, 
they  have  a  profound  effect  on  the  interceptor,  in  fact  they  could  considerably  improve  his 
changes  of  exploitation. 

If  a  suspected  hopper  is  operational,  an  interceptor  could  indeed  pay  particular  attention  to 
those  channels  which  appear  to  him  to  be  free  from  high  level  sources  of  interference. 

The  first  conclusions  that  can  be  drawn  from  the  above,  somewhat  convoluted,  arguments  are: 

1  Any  hopping  system  that  relies  on  power  levels  only,  to  reduce  the  error  rate  of 
communications  to  acceptable  levels,  will  be  vulnerable  to  exploitation. 

2  Using  the  dynamic  power  versus  occupancy  results,  the  indications  are  that  for  good  LPE,  the 
tolerance  to  potential  causes  of  error  may  have  to  be  in  the  order  of  25% 

3  The  variability,  both  in  terms  of  locality  and  dynamics  indicate  that  some  form  of  automatic 
power  management  structure  is  highly  desirable. 

4  Any  error  correcting  technque  ideally  should  not  occur  at  the  cost  of  an  excessive  overhead 
in  transmission  time. 

These  issues  will  be  reviewed  in  the  subsequent  sections. 

6  Diversity  Considerations 


Significant  improvements  have  been  achieved  in  power  containment  using  diversity.  Wilkinson 
described  such  a  system  (Ref  6)  and  Chapman  discussed  the  results  in  terms  of  a  morse  comparison 
(Ref  7).  The  demonstrator,  which  was  developed  by  Redifon,  employs  multiple  tone  and  time 
diversity  schemes,  but  was  limited  to  a  single  speech  channel.  According  to  Skaug  (Ref  8),  wider 
bandwidths  can  yield  a  consistently  better  performance,  as  is  shown  in  Figure  3.  which  was 
derived  from  Ref  8.  If  howeveV,  the  sporadic  nature  of  the  middle  curve  can  be  ignored  and 
provided  that  the  mid  operating  frequency  lies  well  below  the  MUF,  then  limited  BW  diversity  may 
be  sufficiently  efficacious  to  consider  for  a  hopped  system. 

The  additional  BW  required  may  have  to  be  considered  in  terms  of  the  windowing  function.  Figure 
4,  illustrates  the  difference  in  dynamic  signal  range  that  is  achievable  moving  from  a  non 
windowed  to  a  windowed  situation.  The  dynamic  range  of  the  actual  discernable  signal  changes 
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from  some  25  dB  to  nearly  60  dB.  In  terms  of  the  windowing  BW  however,  to  achieve  the  latter 
results  this  BW  may  have  to  be  an  order  greater  than  the  chip  rate.  Thus  a  serial  system  having 
^  a  Baud  rate  of  75  would  require  a  windowing  BW  of  750  Hz  if  one  chip  per  Baud  were  to  be  used. 

Parallel  diversity  has  not  received  the  attention  that  it  deserves.  This  may  be  largely  due  to 
the  peak  to  mean  ratio  which  also  does  not  favour  parallel  modems  where  the  system  may  be  limited 
by  peak  power  considerations.  It  is  however,  possible  to  design  a  tone  structure  where  the  peak 
to  mean  ratio  is  contained.  For  example  the  equation: 

V  =  sin  (2  7T  f  t)  +  sin  (  2f^2  t)  -  sin  (2irfg  t) 

could  be  used  to  limit  the  minima  and  maxima. 

Within  a  speech  channel  for  example,  the  following  results  could  be  obtained  for  a  75  Baud 
system: 

Table  2 


Marks  Spaces 


Tone  1 

740 

225 

Tone  2 

1725 

1275 

Tone  3 

2700 

2325 

Minima 

-2.234 

-2.229 

Maxima 

+2.231 

+2,229 

Probably  better  structures  can  be  obtained  but  the  above  is  only  used  as  an  example  of  an 
approach.  Structures  such  as  these  can  now  be  considered,  since  Silicon  Digital  Signal 
Processing  Technology  is  coming  of  age  and  hence  the  complexity  is  no  longer  an  insurmountable 
problem. 

Windowing  each  individual  tone  would  permit  us  to  employ  diversity  without  too  great  a  price 
having  to  be  paid  in  terms  of  increased  interference  from  the  effective  increase  in  BW  in  a 
hopping  system.  The  real  complexity  does  arrive  when  we  consider  the  assessment  of  the  quality 
of  the  individual  channels. 

Considerable  differences  by  probably  up  to  6  dB  are  attainable  by  moving  from  a  simple  switch  and 
examining  scheme  towards  and  an  equal  gain  and  maximal  ratio  protocol  for  this. 

A  three  tone  pair  may  not  be  quite  adequate  for  a  25%  occupancy  situation  is  as  shown  in  Figure 
5.  A  four  tone  pair  system  would  also  avoid  the  regular  problem  of  2  out  of  3  choices  arising 
(Ref  10).  In  the  latter  case,  the  uncertainty  of  the  mean  remains  problematic.  Moreover,  if  the 
purpose  of  the  exercise  is  to  harden  the  system  against  deliberate  jamming,  then  the  introduction 
of  time  diversity  (in  which  each  parallel  chip  carries,  say  three  different  symbols  related  in 
time)  may  be  indicated. 


SUMMARY  CONCLUSIONS 

In  an  environment  where  potential  interferers  occupy  orthogonal  channels  for  relatively  prolonged 
periods,  diversity  can  yield  a  better  result  than  a  mere  resort  to  increased  power  to  obtain  a  good 
communication  link. 

Our  previous  discussions  have  shown  that  reducing  the  occupancy  level  from  30%  to  4%  would  require  a 

power  increase  of  hi  dB.  The  three  tone  diversity  scheme  which  can  achieve  the  same  would  increase 

the  mean  power  by  approximately  5  dB.  The  average  net  gain  in  choosing  the  latter  approach  is 
significant.  This  becomes  even  more  significant  if  one  considers  what  the  jammer  is  required  to 
muster  in  terms  of  his  resources. 

It  cannot  be  stressed  enough  that  if  the  initial  response  to  a  Jammer  is  to  hop,  then  having  been 
discovered  and  earmarked,  one  should  not  be  pushed  into  responding  by  having  to  reply  in  such  a 
fashion  that  one’s  presence  will  be  known  to  an  even  greater  potential  audience  than  was  encountered 

prior  to  the  jamming  situation.  This  indeed  was  the  starting  point  described  in  our  first  figure. 

Implicit  in  diversity  system  is  the  option  to  assess  the  quality  of  reception  prior  to  decryption  and 
this  Is  an  operational  advantage  which  cannot  be  ignored,  particularly  as  it  also  allows  the  use  of 
automatic  emission  control  thus  also  enhancing  the  LPI/LPE  quality. 
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Figure  1  A  Landing  Scenario 


Figure  2  Channel  Occupancy  versus  Power  Level 
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Summary 

Depending  on  the  symbol  rate  and  on  the  particular  channel  conditions,  mobile  radio 
communications  can  be  affected  by  fast  fading,  by  selective  fading  or  by  both  of  them.  In  order  to 
determine  when  each  effect  should  be  considered,  the  performance  of  PSK  and  MSK  with  coherent 
detection  is  theoretically  evaluated  in  the  presence  of  a  fast  and  selective  fading  channel.  A  numerical 
method  of  analysis  is  derived  for  a  Gaussian  Wide  Sense  Stationary  Uncorrelated  Scattering  channel, 
taking  into  account  the  phase  recovery  error  induced  by  the  degraded  channel.  Results  are  presented  for 
cases  of  practical  interest.  It  appears  that  for  some  severe  channel  conditions,  none  of  the  fast  and 
selective  fading  can  be  neglected. 


Introduction 

Radiomobile  communications  can  be  affected  on  one  hand,  due  to  the  mobile  movement,  by  fast 
fading  (the  channel  is  time  varying)  and  on  the  other  hand,  due  to  the  multipath  phenomenon,  by 
selective  fading  (the  channel  is  frequency  selective). 

Depending  on  the  symbol  rate,  one  or  the  other  of  these  two  phenomena  can  be  neglected  while 
the  other  dominates. 

Consequently  the  performance  evaluation  of  these  communications  usually  adopt  either  the 
assumption  of  a  fast  fading  only  [1-3]  or  the  assumption  of  a  selective  fading  only  [6-8].  Countermeasures 
are  different  in  both  cases.  For  instance  differential  or  non-coherent  detection  performs  better  in  fast 
fading  while  selective  fading  can  require  the  use  of  adaptive  equalization.  Thus  it  is  usefull  to  know, 
for  a  given  channel  and  system,  what  is  the  effective  context  between  the  "good"  slow  and  flat 
idealization,  and  the  difficult  fast  and  selective  situation. 

To  this  end  we  propose  in  this  paper  an  analysis  which  can  apply  to  a  communication 
simultaneously  affected  by  fast  and  selective  fading.  We  assume  a  WSSUS  channel  characterised  by  its 
complete  scattering  function.  Two  kinds  of  modulation  are  analysed:  the  PSK  modulation  (2-PSK  and  4- 
PSK)  and  the  MSK  modulation.  In  both  case,  signals  are  coherently  detected. 

System  features  and  impairements  taken  into  account  include: 

-  the  presence  of  any  equipment  filters  at  emitter  and  receiver, 

-  a  PLL  carrier  recovery  device  disturbed  by  the  fading  channel, 

-  a  possibly  highly  selective  channel:  many  intersymbols  interference  (ISI)  coefficients  are 
taken  into  account. 

1.  The  channel 

The  Gaussian  WSSUS  channel  is  characterised  by  the  correlation  function  S  of  its  varying 
impulse  response.  Let  s(t,x)  be  the  channel  impulse  response  at  time  t. 

<  s(t/c)  s*(t',x)  >  -  Sft-t'/r)  8(t-x’) 

The  function  S  and  the  more  usual  scattering  function  are  related  by  a  single  Fourier  transform 
on  the  variable  t. 

2.  The  signals 

For  the  linear  analysed  modulations,  the  complex  envelope  of  the  emitted  signal  e(t)  can  be 
expressed 


I 
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e(t)  =  Xck  p(t-kT) 

where  the  symbols  ck  and  the  pulse  shape  p(t)  depend  on  the  modulation  used  and  on  the  equipment 
filters.  For  binary,  resp.  quaternary,  PSK  modulation,  symbols  will  take  the  values  ck=±l,  resp.  ck=±l±j, 
while  p(t)  will  be  a  bandpass  filtered  rectangular  pulse  of  duration  T.  The  MSK  modulation  can  be 
defined  by  ck=±(j)k  and  p(t)  =  Rect(a2T1  sin(7ct/2T). 

The  emitted  signal  is  successively  filtered  by  the  time  varying  channel  and  by  the  receiver 
filter  (impulse  response  q(t)).  The  receiver  bases  its  decision  on  a  sample  at  time  t,  of  the  resulting  signal 
r(t)  corrupted  by  thermal  noise. 

r(t)  =  [  X  ck  J  p(t-x-kT)  s(t,x)  dt  ]  *  q(t)  +  n(t) 

k 

r(ts)  =  X  ck  If  q(ts-t)  p(t-x-kT)  s(t,x)  dtdx  +  n, 

k 

=  Coh,,  +  X  ck)\  +  n, 

k 

3.  Error  probability  evaluation 

The  sample  r(t„)  clearly  includes  an  ISI  term.  Since  the  channel  is  Gaussian,  the  coefficients  hk 
are  jointly  Gaussian  random  variables.  The  correlation  between  these  coefficients  can  be  derived: 

<  I  h,,  |  >  =  a2 

Rik  =  <  h,  hk*  >  /  <  ^  h0*  > 

=  l/a2  JjJ  q(ts-t)  q*(ts-t')  p(t-x-iT)  p*(t’-x-kT)  S(t-t',x)  dx  dt  dt' 

An  error  free  carrier  recovery  device  would  ideally  determine  the  phase  of  h0/  and  consequenly 
minimize  the  error  probability.  An  error  on  the  estimated  phase  of  ^degrades  the  performance  of  the 
decision  device  by  rotating  the  decision  regions  in  the  complex  plane. 

In  order  to  evaluate  the  symbol  error  probability  let  us  fix  h0  and  consider  the  ISI  term 
conditionally  to  h,,.  From  properties  of  jointly  Gaussian  variables  it  can  be  stated  that  the  mean  value  of 
ISI  is 

m  =  <Xckhk  |  h„> 

k 

=  X  ck  R^0  h„ 

k 

It  is  noticeable  that  this  mean  value  has  a  form  similar  to  the  ISI  term  in  a  fixed  channel 
condition  (deterministic  coefficients). 

The  standard  deviation  of  the  interference  can  also  be  derived 

Oia2  =  <  I  X  ck hk - m | 2  |  h0> 

k 

=  a2  C  U  C* 

with  C-(...c.2,c.1,Co,cI,c2,...)  and  where  U  is  a  matrix  given  by 

UU  =  ^lk  "  Rl.0  Rk,o* 

Rigorously  this  standard  deviation  depends  on  the  symbol  sequence  (ck).  However  we  observed 
by  simulation  that  this  dependance  is  weak  and  that  c1S]  is  almost  constant.  Morover  it  can  be  easily 
overbounded.  The  normalized  vector  C  which  maximizes  CUC*  is  the  eigenvector  V  of  U  corresponding 
to  the  highest  eigenvalue.  Consequently  aia  takes  its  maximum  value  om  for  the  sequence  ck=sign(vk),  for 
binary  FSK,  and  ck=(l+j)  sign(vk)  for  quaternary  PSK  (  vk  are  the  component  of  the  eigenvector  V  ).  In 
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the  case  of  the  M'jK  modulation,  two  submatrix  can  be  extracted  from  U  on  which  a  similar  derivation 
holds. 

Consequently  r(tj)  an  be  rewritten  as 
/ 

r(t,)  =  ho  (c„  +  X  ckRk0)  +  n^  +  n* 

k 

where  nIS!  is  a  Gaussian  variable  of  approximate  variance  am 

The  receiver  uses  the  estimated  phase  (p  of  ho  and  derives  a  decision  concerning  the  real  part  of 
c0,  from  the  sign  of  Re(r(ts)  exp(-jtp)).  Let  A<p  be  the  error  on  this  phase  estimation.  Assuming  Re(c0)=l, 
the  bit  error  probability  can  be  written 

/ 

Pe  =  Pr{  c0fe>  cosA(p  +  [q,M)  sinAcp  +  X  (  ck<r)  ( Rk-0W  cos  Atp  -  RkQw  sinAcp) 

k 

sinAtp  +  R^®  cosA<p))]  +  n^  <  0  } 

where  X(r,=Re(X)  and  X<0=Im(X). 

The  noise  term 

n^  =  Ref  (n[S  +  n,)  exp(-jtp)  /  |hj  ) 

is  a  random  variable,  ratio  of  a  gaussian  to  a  rayleigh  variable.  Its  distribution  function  is 
f(x)  =  1/2  (1  +  x/fx2  +  a^2  )1/2 ) 
a*?  =  ( c%2  +  crn2 )  /  a2 

The  error  probability  presented  in  that  way  is  that  of  a  symbol  corrupted  by  an  interference 
term  fwith  fixed  coefficients  and  thus  a  simple  characteristic  function)  and  by  an  equivalent  noise  term 
n«,  with  a  known  distribution  function.  A  computation  technique  previously  proposed  precisely  apply  to 
that  case  [9-10]  and  thus  complete  the  error  rate  evaluation  for  a  given  phase  recovery  error. 

4.  Phase  recovery  error 

In  a  fast  fading  environment  and  for  a  coherent  detection,  phase  error  in  carrier  recovery  can  be 
an  important  source  of  disturbance.  While  the  incidence  of  noise  on  I'LL  devices  was  widely  studied,  few 
works  were  devoted  to  the  operation  of  a  PLL  when  the  input  signal  is  corrupted  by  fast  fading. 

Consequently,  rather  than  theoretical  results,  we  used  the  experimental  data  proposed  by  T. 
Fitch  [1 1]  and  we  derived,  using  a  polynomial  regression  method,  the  following  formula  for  the  phase 
error  distribution  function. 

f(<p)  =  (  0.05  /  ( (p  +  0.05))2-15  (l  +  20q>/K)  /  (l  +  20<p) 

with  K  =  0.04  B/ fd  and  for  B/ fd  >  10 
where  B  is  the  loop  filter  bandwidth. 

This  expression  is  in  good  agreement  with  the  curves  presented  in  [11]  for  a  damping  factor  of 

one. 

In  order  to  evaluate  the  average  error  rate,  taking  into  account  the  phase  error  distribution,  we 
used  the  previously  described  derivation  for  sampled  fixed  phase  errors  and  we  realized  a  numerical 
integration,  it  should  be  noticed  that  the  method  is  rigorously  valid  only  if  the  phase  error  distribution 
is  not  dependant  on  the  particular  random  channel. 

5.  Numerical  results 

The  error  probabilities  of  2-PSK,  4-PSK  and  MSK  were  calculated  using  the  method  derived  in 
the  previous  sections.  The  channel  correlation  function  used  correspond  to  an  exponential  delay 
distribution  with  random  uniform  rays  incidence  angle. 

S(t,T)  =  k .  Jo  (  2k  fd  t )  exp(  -t/t0  ) 
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The  filter  loop  bandwidth  B,  which  is  an  important  system  parameter,  is  systematically 
adjusted  to  the  twentieth  part  of  the  symbol  rate  (B=  1/20T).  For  PSK  modulation,  emitter  and  receiver 
equivalent  filters  are  identical,  and  their  combination  gives  a  cosine  rolloff  pulse  shape  with  rolloff 
factor  a~  0  3  .  The  MSK  signal  is  filtered  only  at  receiver  by  a  fourth  order  equalized  butterwoi  th  filter 
with  a  3  dB  excess  bandwidth  of  20%  . 

The  dependance  of  the  error  rate  on  a  fixed  phase  error  (not  considering  the  fluctuations  of  the 
phase  error)  is  first  presented  in  figures  1  and  2. 

The  following  figures  present  the  minimum  signal  to  noise  ratio  necessary  to  attain  an  error 
rate  of  10'2,  varying  the  delay  spread  t0  characterizing  the  selectivity,  and  the  doppler  frequency  fd 
characterizing  the  fast  fading  rate.  The  phase  error  distribution  and  six  adjacent  interfering  symbols  are 
taken  into  account. 

The  first  observation  concerns  the  sharp  edges  of  these  figures :  a  small  variation  of  the  symbol 
rate  can  lead  to  a  very  different  sensitivity  to  fast  or  selective  fading.  Secondly  it  is  noticeable  that  a 
range  of  symbol  rate  generally  exists  for  which  the  channel  can  be  considered  ideally  flat  and  slow. 
However  an  essential  observation  is  that  in  some  severe  but  not  unrealistic  channel  conditions,  and  for 
some  intermediary  symbol  rates,  none  of  the  fast  and  selective  fading  can  be  neglected. 
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Bit  error  rate  shown  as  a  function  of  a  fixed  phase  recovery  error,  for  different  signal  to 
noise  ratio,  in  a  fast  and  selective  fading  channel  (BPSK  modulation,  x0=2  [is,  D=15kb/ s, 
f,=50Hz) 


Phose  error  (degrees) 


Bit  error  rate  shown  as  a  function  of  a  fixed  phase  recovery  error,  for  different  signal  to 
noise  ratio,  in  a  fast  and  selective  fading  channel  (QPSK  modulation,  t„=2  ps,  D=15kb/s, 


fd=50Hz) 


Bit  error  rate  shown  as  a  function  of  the  symbol  rate  for  various  signal  to  noise  ratio  (QPSK 
modulation,  Doppler  frequency  fd=20Hz,  delay  spread  x0=l  ps) 


Figure  4  Required  signal  to  noise  ratio  for  an  error  rate  of  10'2  (QPSK  modulation,  delay  spread 
V=2ps) 


Figure  5  Required  signal  to  noise  ratio  for  an  error  rate  of  10‘2  (QPSK  modulation,fd=50Hz ) 


Figure  6  Required  signal  to  noise  ratio  for  an  error  rate  of  10‘2  (MSK  modulation,  delay  spread 
V=2ps) 


Figure  7  Required  signal  to  noise  ratio  for  an  error  rate  of  10'2  (MSK  modulation,  fd=50Hz) 
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DISCUSSION 


G.  OSSEWAARDE 

_o 

In  your  graph  (figure  5)  you  have  taken  the  BER  criterion  at  10  . 

•  —3 

Is  the  behaviour  different  for  other  BER's  (e.g.  10  )  ? 

The  graph  shows  a  fast  increase  of  threshold  SNR  for  the  different  values 
of  T  . 

Is  there  a  "physical"  explanation  for  this  ? 

AUTHOR'S  REPLY 

The  graphs  depend  of  course  of  the  BER  chosen,  but  the  general  behaviour  do 
not,  as  it  can  be  seen  on  the  following  figure  computed  in  the  same  condition 
as  figure  5  but  with  a  BER  criterion  10 

The  fast  increase  of  threashold  SNR  with  the  bit  rate  is  due  to  the  existence 
of  a  so-called  "irreducible  error  rate".  Once  this  error  rate  overpass  the 
BER  criterion  the  threshold  SNR  becomes  infinite. 

The  dependance  of  the  bit  rate  limit  with  t o  follows  as  expected  a  law  of 
the  form  :  BER.^m.^t  .  “V  o  =  constant. 


D.J.  FANG 

I  understand  the  assumption  of  your  paper  that  synchronization  and  carrier 
locking  are  always  achieved.  May  I  ask  the  errors  of  45°  or  bigger  as  inves¬ 
tigated  in  the  paper  can  indeed  be  synchronized  by  a  standard  PLL  (Phase- Locked 
-Loop)  in  the  first  place.  Can  you  tell  me  the  state-of-the-art  PLL 
for  HF  circuits  in  terms  of  maxima  carrier  locking  phase  error  in  degree. 

AUTHOR'S  REPLY 

I  am  not  a  specialist  of  HF  circuits  but  I  hope  the  following  will  answer 
the  question.  Your  oral  question  mentioned  the  fact  that  PLL  on  satellite 
links  loose  synchronization  for  phase  error  far  less  than  45°. 

Actually  PLL  on  satellite  links  faces  noise.  The  design  constraints  and 
caracteristics  of  a  PLL  when  facing  noise  and  those  in  the  presence  of  a 
strong  signal  but  with  a  varying  channel  are  very  different.  That’s  probably 
the  reason  why  Fitch  [Ref.  11]  can  measure  non  negligeable  probability  density 
of  phase  error  for  values  as  large  as  80  degrees  and  with  a  synchronized  PLL. 

A  PLL  able  to  follow  a  rapidly  varying  channel  will  recover  such  a  phase 
error  while  for  a  PLL  designed  to  resist  to  noise,  and  in  the  presence  of 
that  noise,  a  much  lower  phase  error  is  the  sign  of  an  insufficient  SNR 
and  of  a  probable  loose  of  synchronization. 
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ETUDE  EXPERIMENT  ALE  D’UNE  LIAISON  NUMERIOUE  RADIOMOBILE 
A  ETALEMENT  DE  SPECTRE  EN  SITE  URBAIN 


G.  ELZEIN,  M.  SALEHUDIN,  A.  DANIEL,  J.J.  BAI,  J.  CITERNE. 
Laboratoire  "Strictures  rayonnantes" 

UA  au  CNRS  N°  834,  INSA  35043  RENNES  CEDEX 


RESUME 


Ceuc  commumcauon  conceme  l'ciude  et  la  realisation  d'une  liaison  numdrique  radiomobile  a  910  MHz,  utilisant  l'dtalernent  de  spectre 
par  sequence  directe.  La  mise  en  oeuvre  de  cette  liaison  est  faite  soil  cn  tant  que  systeme  de  communication  a  dtalcment  de  spectre,  soit 
en  tant  que  systdme  de  mesure  employant  l'dtalernent  pour  une  caracterisation  fine  du  canal  radiomobile  urbain. 

Les  mesures  de  performances  effectuees  en  laboratoire  ont  rdvdld  un  bon  accord  thdorie  experience  et  ont  mis  en  evidence  differents 
avantages  de  1  etalement  de  spectre.  Les  mesures  de  propagation  effectuees  sur  la  liaison  r£elle  ont  montrd  d'une  part,  les  variations 
spanales  et  temporclles  sur  l'enveloppe  du  signal  rc$u  et  d'autre  part,  les  fluctuations  instantan£cs  de  la  r£ponse  irr.pulsionnelle  du 
canal  de  transmission. 

Ces  mesures  permettront  d'aboutir  a  une  moddlisation  statistique  du  canal  de  transmission  et  a  {'amelioration  de  la  qualit£  de  la  liaison 
par  la  diversitd  dcs  multitrajcts. 


1.  INTRODUCTION; 

Les  nouveaux  systemes  numeriques,  dcs  Lines  aux  communications  ladiomobilcs  civiles  ou  militaires,  sont  appclds  a  fonctionner  dans 
un  environnement  de  plus  en  plus  hostile  corrunc  lest,  par  cxemple,  un  site  urbanise.  Dans  cette  situation,  le  canal  de  transmission 
acquiert  un  caractere  de  non-stationnarit£  et  evoluc  rapidement  dans  l'espacc  tcmps-frequcncc  [1], 

Dans  un  systdme  de  communication  i  dialcmcnt  de  spectre,  la  bande  passante  du  rdccptcur  est  en  gdndral  suffisamment  large  pour 
couvrir  l  inverse  de  la  difference  entre  les  deux  plus  courtcs  durdes  caracteristiques  de  la  propagation.  11  est  done  possible  de 
discnminer  les  differents  trajets  de  la  propagation.  Dcs  lors,  plutot  que  de  considdrer  les  rdflcxions  multiples  comme  une  nuisance,  il 
dcvient  possible,  cn  pnneipe,  de  lircr  profit  de  leur  prdsencc  pour  tenter  d'amdliorcr  la  qualitd  de  la  liaison,  k  partir  du  concept  de 
diversitd  [2]. 

Cct  aruclc  prdsemc  une  liaison  radiomobile  it  dtalcment  de  spectre  rdalisdc  k  910  MHz.  Les  premieres  mesures  cffcUudcs  sur  table  ont 
pone  sur  1  evaluation  des  performances  du  systbmc  en  prdsencc  de  diverses  perturbations.  Ensuitc,  la  liaison  rdcllc  est  mise  en  uuvre 
en  vue  de  caiactenser  1c  canal  radiomobile  urbain.  Dans  ce  cas,  les  mesures  de  propagation  cffccludcs  ont  portd  sur  l'dtudc  du 
phdnomenc  dcs  trajets  multiples. 


2.  PRESENTATION  DE  LA  LIAISON : 


2.1.  Lc  modem : 

Le  principe  du  modulatcut  utilisant  la  sdquence  directe  est  simple,  il  s'agit  d'addilionner  modulo  2  l'information  binairc  a  un  code 
pseudo  aldatoirc  ay  ant  un  ddbil  numdriquc  (Re  -  1/Tc)  beaucoup  plus  important  que  cclui  du  message  a  transmettre  (Rm  -  l,Tm). 
Ensuitc,  il  est  proeddd  g£n£ralcmcnt  k  une  modulation  &  ddplaccmcnts  de  phase  [3] . 

Les  donndcs  ydhiculdes  sont  k  bas  ddbit  (Rm  -  7,2  Kbit/s).  Un  codagc  direct  par  sdquence  pseudo  aldatoirc  (Rc  -  10  Mbit/s)  ii 
longueur  maximalc  est  mtroduit  avanl  de  rdaliscx  une  modulation  k  deux  dtats  de  phase  (M.D.P.2)  k  la  frdquence  intermddiaitc  (Fo  — 

/(I  h/lHI  I  ' 


En  rdccption,  pour  dliminer  1  effcl  de  1  dtalcment,  lc  ddmodulateur  doit  assurer  une  synchronisation  parfaitc  entre  le  code  recu  et  un 
code  gdnerd  localement,  identique  au  premier.  Une  fois  lc  ddeodage  cffectud,  on  precede  ii  une  ddmodulaiion  classiquc  M.D.P.2. 

En  vc  qui  conceme  lopdtatiun  de  synchronisation,  clle  est  rdalisdc  en  deux  temps.  D’abotd,  l'acquisilion  de  la  synchronisation  est 
qbtenue  en  faisanl  glrsser,  bit  par  bit,  le  code  local  par  rapport  au  code  te^u.  Si  la  tension  ddtcctde  k  la  sortie  du  corrdlalcur  est 
mlcncurc  au  niveau  du  scuil,  le  processus  de  recherche  continu.  Sinon,  cc  processus  s'arrdtc  pour  cnclcncher  cclui  de  la  poursuitc  cn 
mctt<u)i  en  oeuvre  une  bouclc  &  vcrtouillage  de  retard,  Dans  cc  cas,  le  signal  rc^u  est  condle  avee  deux  versions,  l'unc  avanede  l’autrc 
rcUudce  dun  derm  bit,  du  code  gdndrd  localement.  Cette  bouclc  rdagit  done  cn  discrimi.iateui  avance  retard  >-:ui  maintenir  le 
dephasage  entre  les  codes  nul  et  corriger  ainsi  dcs  dcarts  dvcntucls  de  synchronisme. 


Ajircs  le  ddeodage,  une  demodulation  cohdrente  M.D.P.2  cslcffcctudc.  La  rdcuperation  de  la  portense  est  rdalisdc  grace  k  uneboude 
a  venouUIagc  de  phase  a  doublcmcnt  de  frdquence.  Pour  la  reconstitution  du  message  bmaire  cmis,  le  signal  ddmoduld  est  xemis  en 
tonne  mns  dchantillonnd  au  rythmc  de  l'hotlogc  rdcupcrdc.  Un  codage-ddcodage  par  transition,  innuduii  rcspcctivement  k  remission 
et  a  la  reception,  permet  de  lever  1  ambiguitd  sur  la  phase  de  la  portcuse  rdcupdrdc. 


2.2.  Le  so  us -ensemble  radiofrdquence: 

Les  frdqucnccs  gdndralemcnt  utilisdes  dans  les  systbmes  rdeents  de  radiocommunications  avee  les  mobiles  sc  situcnt  vers  le  haul  de  la 
bande  U.H.F. 
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Un  schema  synoptique  de  la  liaison  radiomobile  rdalisde  est  montrd  sur  la  figure  1.  C'est  une  liaison  unilatdrale  entre  une  base 
demission  fixe  situdc  au  laboratoirc  L.C.S.T  k  1'I.N.S.A  de  Rennes  et  un  rdeepteur  mobile. 

Le  signal  issu  du  modulateur  est  transposd  a  la  frequence  d'dmission  (RF  =  910  MHz).  Un  dtage  amplificateur  de  puissance  permet 
d’obtenir  1  Watt  k  la  sortie  de  1'dmetteur.  L'antenne  d'dmission  est  portde  par  un  pylone  de  43  m  de  hauteur.  Elle  est 
omnidirectionnelle  et  prdsente  un  gain  Ge=9  dBi,  avec  un  angle  d'ouverture  vcrticale  de  7,5°. 

A  la  reception,  l'antenne  est  verticale  omnidirectionnelle  avec  un  gain  Gr=3  dBi.  Elle  est  places  au  centre  du  toit  du  mobile  a  2,5  m  du 
sol.  Le  signal  re$u  est  r amend  k  la  ftdquence  interm ddiaire  avant  d'etre  appliqud  k  l'entrde  du  ddmodulateur. 


3.  EVALUATION  DES  PERFORMANCES  DU  SYSTEME : 

Le  taux  d'erreur  constitue  un  indicateur  prdcis  de  la  qualitd  de  la  transmission.  B  a  tout  d'abord  dtd  mesurd  en  prdsence  de  bruit  blanc 
puis  avec  un  brouilleur  sinusoidal  ou  moduld  &  spectre  dtald  n'utilisant  pas  le  meme  code  et  enfin  en  prdsence  de  trajets  multiples. 


3.1.  Taux  d’erreuren  presence  de  bruit  blanc; 

Ces  mesures  sont  effccnides  avec  le  montage  de  la  figure  2.  Le  rapport  signal  a  bruit  de  la  liaison  est  modifid  en  changeant 
l'attdnuation  placde  dans  la  chaine  de  bruit.  La  mesure  de  ce  rapport  est  faite  aprds  le  filtre  de  rdeeption  prdeddant  le  ddmodulateur. 

Le  taux  d'erreur  a  dtd  mesurd  avec  et  sans  dtalcment  de  spectre,  le  controle  automatique  du  gain  dtant  hors  service.  Les  rdsultats  sont 
reprdscntds  graphiquement  sur  la  figure  3  par  des  traits  continus.  Pour  situer  les  performances  obtenues,  elles  sont  confrontdes  k  la 
courbe  de  la  probabilitd  d'erreur  thdorique  de  la  ddmodulation  cohdrentc  M.D.P.2.  ( Codage-Ddcodage  par  Transition ). 

On  constate  que  pour  un  taux  d'eircur  de  10-5,  la  degradation  du  rapport  (E/No)  par  rapport  a  la  thdorie  est  dgale  a  1  dB  sans 
dtalement,  causde  cssentiellement  par  le  filtragc  de  prdddtection  (Bm  =  9  KHz).  Avec  l'dtalemcnt,  il  apparait  une  ddgradation 
suppldmentaire  de  1,2  dB,  due  principalcment  au  filtrage  de  rdeeption  (Be  =  12  MHz)  et  k  la  gigue  de  synchronisation. 

Aprcs  l'introduction  du  sous-cnsemble  radiofrdquencc,  ces  mesures  ont  dtd  refaites  sur  table.  Dans  ce  cas,  le  bruit  blanc  est  injeetd  a 
1'entrde  du  rdeepteur.  Les  rdsultats  obtenus  sont  montrds  en  tirets  sur  la  figure  3  et  font  apparaitre,  pour  un  taux  d’erreur  de  10-5,  une 
ddgradation  de  0,7  dB  par  rapport  aux  courbes  obtenues  pour  le  modem  scul,  avec  et  sans  dtalcment. 

Cette  ddgradation  est  due  cssentiellement  aux  distorsions  apportdes  par  l'dtage  amplificateur  de  puissance  (conversion  AM-PM, 
variation  du  gain). 


3.2.  Taux  d'erreur  en  presence  de  brouilleur  sinusoidal: 

Le  brouilleur  pur  est  injeetd  a  la  place  du  bruit  blanc  (fig.2).  Les  performances  sont  mcsurdcs  en  fonclion  du  rapport  signal  a 
brouilleur  (S/J)jb  et  de  la  frdqucncc  ccntrale  du  brouilleur  (Fj)MHz. 

Les  rdsultats  montrds  sur  la  figure  4  font  apparaitre  un  brouillage  plus  efficacc  lorsquc  cclui-ci  est  ccntrd  sur  Fj  =  Fo  +  Rm  , 
conformdmcnt  it  la  thdorie  [4] .  D'autrc  part,  lorsquc  Fj  =  Fo,  le  syst&me  peut  mair.tcnir  la  synclironisation  pour  des  rapports  (S/J) 
supdricurs  it  -  20  dB. 


3.3.  Taux  d'erreur  en  prdsence  dc  brouilleur  large  bande: 

Le  brouilleur  utilisd  est  un  modulateur  &  spectre  dtald.  Le  code  C2  utilisd  pour  le  brouilleur  a  le  meme  ddbit  (10  M  bits/s)  et  la  meme 
longueur  (2  047  bits)  que  le  code  du  signal  utile  Cl  ([2,1 1 J),  mais  sc  distingue  par  son  polynome  gcndratcur  ([2,5,8,11]). 

Le  taux  d'erreur  est  relcvd  en  fonclion  du  rapport  (S/J)dB.  Le  rdsultat  est  montrd  sur  la  figure  5.  Le  systdme  peut  done  maintenir  la 
synchronisation  pour  des  rapports  (S/J)  supdricurs  &  -24dB. 


3.4.  Taux  d'erreur  en  prdsence  dc  traicts  multiples; 

x°,Url?<U,V0/  l<^tCr.  *C  comPortcment  du  systdme  face  aux  trajets  multiples,  un  simulatcur  de  canal  radiomobile  a  large  bande  a  dtd 
rdaltsd  [5J.  Ce  simulatcur  permet  de  reproduce  en  laboratoirc  un  canal  dc  RICE  it  neuf  rayons  (un  trajet  direct  et  huit  trajets  rdfidchis) 
avec  un  retard  maximal  de  10  ps. 

Le  montage  dc  mesure  utilisd  est  montrd  sur  la  figure  6.  Le  taux  d'erreur  a  dtd  mesurd  en  prdsence  d'un  trajet  direct  caractdrisd  par  un 

factcur  d  attdnuation  To2  ct  de  cinq  trajets  rdfidchis  (N  =  5)  ayant  la  meme  ptiissancc  relative  ( y2  =  0.4 ) .  Les  rdsultats  sont  portds 

sur  la  figure  7  en  fonction  de  (E/No)dB  et  du  paramdtre  yo2.  Bs  sont  confrontds  aux  courbcs  liidoriqucs  obtenues  d'aprds  [6]  ct 
permettent  de  constatcr  un  bon  accord  tlidoric-cxpdricncc . 


4.  MESURES  PE  PROPAGATION  RADIOMOBILE: 

Pour  les  mesures  de  propagation,  la  liaison  radiomobile  rdalisde  (Emetteur  fixe  -  Rdeepteur  mobile)  est  mise  en  oeuvre.  Ces  mesures 
sont  cffectudcs  en  deux  parties : 


-  mesures  en  bande  dtroite, 

-  mesures  it  large  bande. 


31-3 


4.1.  Mesures  en  bande  etroilc: 

Les  mesures  en  bande  dtroite  (porteuse  pure)  permettcnt  la  description  des  variations  spatiales  et  temporelles  du  signal  re$u  h  petite  et 
grande  dchcllc  [7]. 

En  particular,  la  puissance  moyenne  du  signal  reju  en  milieu  urbain  est  relevde  en  fonction  de  la  distance  dmetteur-rdcepteur.  Les 
rdsultats  expdrimentaux  sont  montrds  en  pointille  sur  la  figure  8  et  font  apparaitre  une  ddcroissance  suivant  d-3,2.  On  peut  constater 
dgalement  que,  pour  un  milieu  suburbain  (d  <  2,5  Km),  ces  valeurs  s'approchent  plus  du  modcle  theorique  de  prediction  developpe 
par  EGLI  [8],  Lorsque  le  rdcepteu:  est  situd  en  zone  urbaine,  les  rdsultats  tendent  vers  le  modele  d‘  OKUMURA  -  HATA  [9]. 

Ensuite,  des  fluctuations  rapides,  regulierement  espaces  de  X/2,  sont  observdes  sur  le  niveau  du  signal  re^u  en  fonction  de  la  vitesse 
du  mobile  (Fig.9). 

4.2. Mesures  a  large  bande: 

Les  mesures  a  large  bande  permettcnt  de  ddtermincr  la  fdponse  impulsionnelle  instantande  du  canal  de  transmission.  Ainsi,  trois 
techniques  ont  dte  mises  en  oeuvre. 

La  premiere  consiste  a  dmettre  un  train  d'impulsions  de  100  ns  avee  une  pdriode  de  10  ps,  et  a  ddtecter  l’enveloppe  du  signal  re^u. 
Pour  les  deux  autres  techniques,  basdes  sur  le  principe  de  corrdlation,  le  signal  dmis  est  un  code  pscudo-aldatoire  avee  un  ddbit 
numdnque  de  10  Mbit/s.  La  longueur  du  code  est  de  2047  bits  lorsqu'on  utilise  un  corrdlateur  discret  proposd  par  COX  [10].  Dans  le 
cas  ou  un  corrdlateur  i  ondes  acoustiques  de  surface  est  introduit,  la  longueur  du  code  est  de  127  bits.  Dans  ces  trois  mdthodes,  les 
mesures  sont  effectudes  avee  une  largeur  de  bande  d’environ  10  MHz,  ce  qui  permet  de  discriminer  des  trajets  diffdrents  de  30  m  ou 
plus. 

La  figure  10  montre  une  rdponse  impulsionnelle  obtenue  par  l’dmission  d'impulsions  dans  un  site  urbain  moddre.  Un  exemple  de 
quatre  profiles,  relevds  avee  le  corrdlateur  de  COX  a  des  intcrvalles  rdguliers  de  10  cm,  est  montrd  sur  la  figure  11.  Ces  profiles  sont 
representatifs  de  la  reception  dans  un  terrain  plat,  en  prdsence  de  quelques  rdflexions  spdculaires  arrivant  au  voisinage  du  mobile.  Dans 
ces  conditions,  de  fortes  vanauons  spatiales  peuvent  apparaitre  sur  les  trajets  multiples  [1 1].  La  figure  12  reprdsente  un  profile  obtenu 

avee  le  correlateur  a  ondes  de  surface  et  fait  apparaitre  une  rdflexion  avee  un  retard  d’environ  10  ps.  Cette  valeur  correspond  au  retard 
maximal  observe  sur  les  trajets  lors  de  nos  campagnes  de  mesures  et  semble  prdvisible  pour  un  site  en  zone  non  montagneuse  [i2] 


5.  CONCLUSION: 

Ce  papier  a  conccmd  la  prdscntauon  dune  liaison  nuntdrique  radiomobile  h  dtalcment  de  spectre  par  sdqucnce  direete.  Cette  liaison  a 
etc  cxpdrimcntec  pour  la  transmission  de  donndcs  numdriques  h  bas  ddbit.  Ensuite,  ellc  a  dtd  mise  en  oeuvre  pour  effectucr  des  mesures 
de  propagation  en  milieu  urbain. 

L  evaluation  des  performances  du  systeinc  est  effcctude  en  considdrant  diverses  perturbations  pouvant  affccter  la  liaison  rdellc. 
D  autre  part,  1  application  de  modfcles  de  prddiction  de  la  propagation  radiomobile  est  faite  en  tenant  compte  de  la  nature  hostile  du 
canal  de  transmission  urbain.  Les  mesures  de  performances  et  de  propagation  rdalisdcs  permettcnt  de  constater  que  le  systfcme  actuel 
consume  aussi  bicn  un  syslcme  de  communication  performant  qu'un  systeme  de  mesure  prdcis. 

De  nombrcuscs  campagnes  de  mesures  seront  ndeessaires  pour  aboutir  h  une  moddlisation  statistique  complfete  du  canal  urbain. 
Lamchorauon  de  la  qualitddc  la  liaison  sera  ensuite  envisagdc  grace  a  des  techniques  de  diversitd  de  rdeeption,  notamment  celles  qui 
utilisent  la  sdlection  ou  la  combinaison  des  trajets  multiples. 
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7.  REMERC1EMENTS; 

Cette  etude  a  etd  real  is  do  en  l'exdcution  d'un  contrat  dm  an  ant  de  la  Direction  des  Rccherches  Etudes  et  Techniques  (DRET). 


FIG.l  :  Structure  de  !a  liaison  rdalisdc. 
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FIC1.4 :  Influence  d'un  brouilleur  sinusoidal. 


J _  :  Perte  de  synchronisation. 
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FIG.5  :  Influence  d'un  brouilleur  large  bande. 

i  :  Perte  de  synchronisation 
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FIG.8  ;  Puissance  moyenne  re?ue  en  fonction  dc  la 
dislancc  Einetteur-Rdceptcur. 
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-  Vitesse  du  mobile  =  25  Km/h. 


F1G.9  :  Evanouissemcnts  caractdrisliques  du  signal 
rc?u  par  lc  mobile. 


DISCUSSION 


R.M.  HARRIS 

Pouvez-vous  dire  quelque  chose  au  sujet  du  controle  automatique  de  l'ampli- 
ficateur  du  rdcepteur  ? 

Y  avait-il  deux  boucles  ou  une  boucle  ? 

Comment  sc  comporterait-il  en  presence  du  brouillage  ? 

AUTHOR'S  REPLY 

Le  controle  automatique  du  gain  (C.A.G.)  est  rdalisd  en  FI  par  une  boucle 
ou  la  reaction  est  la  puissance  ddtectde  du  signal  regu.  Pour  amdliorer  les 
performances  du  C.A.G.  en  presence  de  brouilleurs,  le  point  de  detection 
a  dtd  placd  aprAs  1' operation  de  ddsdtalement .  La  dynamique  ainsi  obtenue 
est  de  I'ordre  de  45dB  et  le  temps  de  rdponse  est  de  l'ordre  de  100  j*s. 

R.W.  LORENZ 

You  have  compared  very  nicely  the  different  methods  for  wide-band  measurements 
in  mobile  radio.  However  the  methods  presented  are  restricted  to  10 J* s  and 
12,7  ^s,  respectively  for  delay  lengths. In  mountainous  terrain,  especially 
at  lower  frequencies,  longer  delays  are  likely  to  occur. 

Did  you  consider  measurement  systems  to  obtain  results  in  mountainous  terrain  ? 
AUTHOR'S  REPLY 

Lors  de  la  propagation  radiomobile  dans  des  regions  montagneuses,  il  est 
possible  de  relever  quelquefois  des  trajets  multiples  avec  des  retards  qui 
ddpassent  12,7  ^s.  Dans  ce  cas,  le  corrdlateur  A  ondes  de  surface  utilisd 
dans  notre  systAme  ne  peut  plus  servir  pour  effectuer  les  mesures.  Par  contre, 
les  deux  autres  techniques,  qui  consistent  A  utiliser  le  corrdlateur  discret 
de  COX  ou  A  dmettre  des  impulsions,  peuvent  etre  mises  en  oeuvre  A  condition 
d'augmenter  la  fenetre  d ' observation. 

U.  SEIER 

1  -  What  kind  of  modulation  is  used  by  the  realized  transmission  system  ? 

2  -  How  do  you  explain  the  characteristic  behaviour  of  the  described  spread 

spectrum  system  in  case  of  a  CW-jammer  (figure  4  in  preprint)  ?  Why  is 

1 

the  system  rather  sensitive  for  jammer-frequencies  equal  to  Fo  +.  —  ,  but 

Tm 

less  sensitive  (about  4-5dB)  for  a  jammer-frequency  equal  to  Fo,  although 
the  CW-jammer  is  spreaded  over  a  wide  bandwith  in  the  receiver  ? 

AUTHOR'S  REPLY 

1  -  La  modulation  utilisde  dans  notre  systAme  est  la  modulation  A  deux  dtats 

de  phase  B.P.S.K.  associde  A  un  codage-ddcodage  par  transition. 

2  -  Lorsque  le  rapport  G/L  est  proche  de  l'unitd,  (G  dtanf  le  gain  de  traitement 

et  L  la  longueur  du  code  pseudo-aldatoire) ,  comme  c'est  le  cas  dans  notre 

application,  l'influence  du  brouilleur  n'est  pas  maximale  pour  Fj  =  Fo. 

En  effet,  en  examinant  la  densd td  spectrale  de  puisance  de  1 ’ interfdrence 

aprAs  dtalement  illustrde  par  la  figure  1,  il  est  simple  de  constater  que, 

2 

pour  Fj  =  Fo  et  (G/L)-^  1,  seule  la  rade  centrde  sur  Fo  de  Duissance  (1/L  ) 
va  contribuer  au  brouillage  de  l'information  utile.  Si  par  contre, 

Fj  =  F°  +  (1/Tm),  cette  puissance  devient  pratiquement  L  fois  plus 
importante  [ (L+l ) /L2  si  1 /L] . 


DISCUSSION 


FIGURE  1 :  Spectre  de  ['interference  sinusoidale 
apits  dtalement. 


32-1 


PACKET  RADIO  NETWORK  CONCEPTS  FOR  THE  NORWEGIAN  FIELD  ARMY 

by 

Tore  Berg,  John  Erik  Rustad,  Ole  Henrik  St0ren 
Norwegian  Defence  Research  Establishment 
P  0  B  25,  N-2007  Kjeller,  Norway 


SUMMARY 

The  Norwegian  army  has  taken  a  very  close  look  at  the  advantages 
in  integrating  weapon  control  systems,  general  CCIS  and  tactical 
communication.  All  these  services  are  provided  by  the 
communication  area  system  TADKOM  consisting  of  a  nodal  trunk  part 
and  a  mobile  radio  part.  The  concept  laid  down  for  TADKOM  is 
based  on  the  idea  of  a  unified  system  with  decentralized  net- 
control  and  where  voice  and  data  are  integrated  into  one  system. 
This  paper  will  present  the  mobil  radio  part  of  TADKOM  and 
concentrate  on  what  is  identified  as  the  most  critical  design 
issues . 

1  INTRODUCTION 

Tactical  communication  shall  support  the  operational  units  in  the 
field  and  must  therefore  reflect  the  strategy  of  the  forces.  A 
flexible  threat  reaction  demands  very  mobile  units  which  may  be 
spread  over  a  large  geographic  area.  Placement  and 
reconfigurations  of  communication  units  should  not  delay  or 
limit  the  manouvrability  of  the  forces  to  be  served.  If  the 
forces  shall  operate  under  a  centralized  management  and  at  the 
same  time  retain  their  mobility,  this  will  put  heavy  demands  on 
the  communication  system.  The  demands  will  be  in  the  form  of 
security,  survivability  and  protection  against  electronic 
warfare . 

The  increasing  use  of  mobile  and  data-supported  units  will  lead 
to  an  increased  use  of  electronic  equipment  on  the  battlefield 
and  increased  operational  dependance  on  radio  communication.  The 
increased  use  of  radiocoramunication  will  in  turn  lead  to  an 
increased  physical  and  electronic  threat  against  these 
radiosystems.  To  withstand  this  threat  an  extensive  use  of 
autonomous  communication  systems  being  protected  against 
electronic  countermeasures  are  required. 

The  Norwegian  army  has  taken  a  very  close  look  at  the  advantages 
in  integrating  weapon  control  systems,  general  CCIS  and  tactical 
communication.  The  integration  is  resulting  from  the  wish  to  see 
the  communication  demands  for  existing  and  future  CCIS  systems 
closely  connected  to  tactical  communication  which  anyway  must  be 
established  within  the  brigade  and  division  areas.  The 
integration  also  reflects  a  wish  to  optimize  the  CCIS  services  by 
providing  a  communication  system  which  can  be  given  high 
efficiency,  good  coverage  and  with  simple  access  to  a  large 
number  of  users  spread  around  in  the  brigade  area. 

Both  Norwegian  and  international  user  inquiries  have  revealed  an 
increasing  need  for  data  services.  There  are  two  major  reasons 
for  this: 

the  need  to  economize  with  a  scarce  frequency  resource.  The 

frequency  use  can  be  reduced  by  orders  of  magnitude  if  voice 
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is  replaced  by  data.  Userwise  quantifying  and  describing  kind 
of  messages  of  objective  nature  are  well  suited  for  data 
messages 


a  large  part  of  messages  exchanged  in  CCIS  and  communication 
systems  are  generated  and  terminated  in  some  form  of 
data  hardware. 

However  the  same  inquiries  also  show  that  the  need  for  the 
subjective  form  of  voice  communication  will  be  needed  for  a  long 
time  in  the  future.  It  is  obvious  advantages  both  of  technical 
and  economical  nature  in  integrating  these  services  in  one 
communication  system. 

Early  in  the  70' s,  NDRE  with  support  from  the  Army,  carried  out 
study  regarding  a  tactical  communication  system  for  the  Army  post 
1980.  The  study  outlined  a  communication  concept  which  had  a 
number  of  interesting  features  regarding  mobility,  distribution 
and  capacity.  The  study  was  carried  further  in  the  Army's  own 
organisations  and  in  the  Norwegian  industry  and  resulted  in  the 
tactical  area  system  TADKOM. 

A  simplified  outline  of  the  system  is  shown  in  Figure  1 .  TADKOM 
is  based  on  digital  modulation  which  offers  voice  and  line 
switched  or  packet  switched  datasevices .  TADKOM  makes  up  the 
backbone  in  a  communication  system  for  the  field  army  at  brigade 
and  division  level.  TADKOM  and  its  different  components  will  as 
far  as  possible  and  as  long  as  it  is  cost-effective  also  serve 
the  subunits  within  a  brigade  and  division. 

The  trunk  system  is  based  on  digital  switched  connected  by  line 
of  sight  radio  relay  circuitry.  Between  the  switches  the  traffic 
is  routed  so  that  it  is  possible  to  obtain  a  minimum  of  blocking 
of  messages.  This  concept  also  assures  good  survivability  in  the 
case  of  physical  or  electronic  dropout  of  switches,  or  radio 
relays  at  one  or  more  nodes. 

Already  at  an  early  stage  in  the  development  of  TADKOM,  it  became 
obvious  that  a  number  of  users  would  require  mobile  radio  access 
to  the  sytem.  In  1984/85  several  user  related  studies  were 
carried  out,  and  the  Army  initiated  an  activity  to  clarify  the 
possibilities  for  harmonizing  the  concept  for  the  mobile  radio 
access  and  the  user  requirements  emerging  from  the  studies.  The 
Army  now  expected  that  the  mobile  radio  access  to  TADKOM  would  be 
used  as: 

mobile  access  for  mobile  subscribers  in  the  area  system 
TADKOM.  As  subscribers,  one  is  here  thinking  of  the 
traditional  command  and  control  functions  with  voice  and  data 
requirements  as  well  as  f irecontrolsystems  with  high  demands 
wrt  reliability  and  capacity  of  data  transmissions 

as  replacement  for  conventional  combat  net  radios,  especially 
for  users  which  do  have  or  will  develope  a  need  for  data 
transmission . 

The  concept  laid  down  for  TADKOM  is  based  on  the  idea  of  a 
unified  system  where  voice  and  data  are  integrated  into  one 
system,  and  where  fire  control  and  future  CCIS  are  seen  as  part 
of  the  tactical  communication  system.  The  major  demands  on  the 
mobile  radio  access  system  are: 
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Considerable  resistance  to  Electronic  Warfare 
integrated  Voice/Data  facilities 
Decentralized  net-control  (Autonomy) 

Packet  switching  of  data  traffic 

The  bitrate  for  datatransmission  is  2.4  kbit/sec.,  which  means 
that  we  have  a  very  limited  capacity  on  the  radiochannel.  The 
overall  network  topology  is  therefore  divided  into  subnetworks, 
each  with  a  preassigned  frequency  within  the  VHF  band.  Hence  the 
traffic  loads  on  each  subnetwork  is  at  a  level  so  that  the 
throughput/delay  characteristics  meet  the  capacity  requirements. 
This  subnetwork  strategy  makes  it  possible  to  allocate  users  with 
related  application  traffic  to  one  dedicated  frequency. 

Each  of  the  packet  radio  subnets  (PR-subnets)  are  connected  to 
the  trunk  part  of  the  tactical  communication  area  network  TADKOM 
through  a  radio  access  point  (RAX).  The  TADKOM  trunk  network  must 
therefore  have  a  geographical  structure  that  covers  most  of  the 
brigade  area.  As  shown  in  Figure  2  we  see  that  each  of  the  PR- 
subnetworks  cover  a  certain  dedicated  area  of  the  brigade,  and  in 
connection  with  the  trunk  network  all  the  PR-subnetworks  will 
together  give  a  complete  coverage  of  the  brigade  area.  It  is 
important  to  note  that  many  of  these  subnetworks  will 
geographically  overlap  since  the  generated  traffic  might  require 
more  capacity  than  one  subnetwork  can  provide  in  the  same  area. 

All  nodes  are  allocated  in  a  specified  subnetwork  depending  on 
their  application  interests  which  will  reduce  the  need  for  inter 
subnetwork  communication  (communication  between  subnetworks). 

In  performing  inter  subnetwork  communication  the  RAX  is 
responsible  for  finding  a  route  to  the  destination  address.  The 
RAX  must  therefore  have  a  global  routing  capability,  see  Figure 
3.  This  Figure  illustrates  the  relaying  function  between  two 
subnetworks  which  are  connected  to  the  same  RAX.  This  relaying 
will  also  be  possible  when  the  two  subnetworks  are  connected  to 
different  RAX'es. 

This  paper  is  going  to  discuss  three  topics  of  the  packet  radio 
network: 

the  first  chapter  presents  the  subnetwork  services.  An 
important  design  objective  is  to  be  able  to  connect  a  standard 
X.25  terminal  to  the  network.  Some  problems  of  using  X.25  in 
inherent  connectionless  type  of  application  have  been 
identified.  The  necessary  changes  in  X.25  to  circumvent  these 
problems  are  highlighted  in  this  chapter 

the  second  chapter  introduces  the  network  functions  which  is 
needed  for  packet  forwarding  within  a  network.  Some  details 
regarding  the  routing  table  structure  and  the  distribution  of 
routing  information  is  presented 

the  third  chapter  discusses  the  medium  access  protocol  in  some 
detail.  A  special  emphasis  on  the  capture  effect  is  made.  The 
channel  capacity  is  evaluated  based  on  simulations  done  for 
the  Carrier  Sense  Multiple  Access  (CSMA)  protocol. 

2  SUBNETWORK  SERVICES 

A  major  design  objective  for  the  mobile  radio  system  is  to  make 
possible  an  attachment  of  standard  X.25  terminals,  Figure  4.  Even 
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inherent  connectionless  type  of  applications,  such  as  e.g. 
radar /weapon  control  systems,  shall  apply  X.25.  Problems  related 
to  the  use  of  X.25  in  connection  with  weapon  control  systems  in  a 
narrow-band  PR-network  have  been  identified.  To  circumvent  these 
problems,  some  deviations  from  the  X.25  are  made.  These 
deviations  consist  in  making  restriction  in  the  way  a  Data 
Terminal  Equipment  (DTE)  may  use  the  "X.25  Fast  Select  with 
Restriction  on  Response"  and  on  the  Data  Circuit-Terminating 
Equipment  (DCE)  operation.  The  recasted  service  is  named  Reduced 
X.25  Fast  Select  with  Restriction  on  Response  (Reduced  X.25  FS 
w/RR) . 

2 . 1  Reduced  X.25  FS  w/RR 

The  reduced  X.25  FS  w/RR  allows  a  call  request  packet  to  contain 
a  call  user  data  field  up  to  128  octets.  This  call  user  data 
field  is  transferred  to  the  called  DTE  by  the  intra  network  layer 
protocols  without  end-to-end  (DCE-to-DCE)  control.  The  call  user 
data  may  be  lost  or  duplicated,  and  a  sequence  of  X.25  FS  w/RR 
with  call  user  data  may  be  received  out-of-  sequence;  all  without 
notification  to  the  DTEs.  After  a  time  L  the  DCE  issues  an  X.25 
clear  indication  packet  containing  no  user  data  and  the  DTE  shall 
respond  with  an  X.25  DTE  clear  confirmation.  Figure  5  to  7  shows 
the  time-sequence  diagrams  for  the  Reduced  X.25  FS  w/RR.  The 
receipt  of  an  X.25  clear  indication  FS  w/RR  shall  only  be 
interpreted  to  have  local  significance  i.e.  the  call  user  data 
may  or  may  not  be  delivered  to  the  called  DTE. 

When  a  DTE  receives  an  X.25  incoming  call  packet  with  FS  w/RR  it 
shall  immediately  issue  an  X.25  disconnect  request  on  the  same 
logical  channel  number.  This  packet  will  be  stopped  at  the  local 
DCE  and  not  conveyed  to  the  calling  DTE  by  the  intra  network 
layer  protocols . 

In  summary,  the  reduced  X.25  FS  w/RR  has  the  following 
restrictions  compared  with  the  CCITT/X.25  FS  w/RR: 

the  receipt  of  the  clear  indication  has  only  local 

signif icance 

a  called  DTE  may  never  include  called  user  data  in  the 

clear  request  packet 

2 . 2  Enhancements  to  X.25  (1984) 

Certain  facilities  not  specified  by  CCITT  are  required  to  fulfil 
military  requirements.  The  non-standard  facilities  have  been 
specified  such  that  they  place  no  constraints  on  DTEs  not  making 
use  of  the  facilities.  Some  services  (e.g.  fixed  priority)  can  be 
agreed  for  a  period  of  time.  In  such  cases  the  services  do  not 
require  any  non-standard  call  handling.  The  following  non¬ 
standard  services  are  provided: 

-  Precedence  and  Pre-emption 

-  Maximum  Lifetime 


Semi-Broadcast 
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Precedence  and  Pre-emption 
Priority 

Priority  is  an  essential  service  in  the  PR-network,  and  all 
traffic  is  to  be  marked  with  priority.  There  are  4  levels  of 
priority  (0-3),  zero  indicating  the  lowest  priority.  The 
priority  mechanism  is  used  in  both  call  setup  and  traffic 
handling.  Call  attempts  with  high  priority  are  processed  before 
call  attempts  with  lower  priority.  If  there  are  no  available 
channels  for  setting  up  a  logical  connection,  an  existing 
connection  with  the  lowest  priority  is  disconnected,  provided 
that  a  connection  with  lower  priority  than  the  new  call  exist. 
Both  subscribers  involved  are  informed  about  the  reason  for  the 
disconnection.  This  is  done  in  the  Clearing  Cause  and  the 
Diagnostic  code  fields. 

Selection  and  Indication  of  priority 

As  an  optional  user  facility  it  is  possible  to  select  priority 
for  virtual  calls.  A  maximum  limit  of  priority  must  be  agreed 
upon  in  advance.  From  then  on  the  selection  of  priority  occurs  on 
a  per  call  basis  using  the  service  field  in  the  X.25  call  request 
packet. 

Maximum  Lifetime 


As  an  optional  user  facility  it  is  possible  to  select  lifetime  on 
a  per  call  basis.  The  lifetime  denotes  the  maximum  time  a  packet 
may  live  in  the  network.  It  is  possible  to  set  the  maximum 
lifetime  to  a  maximum  of  60  seconds  with  a  resolution  of  200  ms. 
If  the  DTE  does  not  set  a  lifetime  value  the  network  will  add  a 
default  value  agreed  upon  in  advance  (i.e.  at  the  subscription 
time) . 

To  be  able  to  provide  X.25  VCs  without  corruption,  every  packet 
must  be  enforced  a  maximum  lifetime  at  the  intra  network  level. 

By  allowing  a  DTE  to  select  this  value  on  a  per  call  basis  (or 
per  "data  packet"  basis  in  conjunction  with  Reduced  X.25  FS 
w/RR) ,  network  capacity  is  saved  by  discarding  (i.e.  no  more 
store-and-forward  operations  are  performed)  packets  that  are  too 
old  to  be  usable  for  the  application  (DTE).  Further,  by  including 
the  remaining  lifetime  in  an  X.25  incoming  call  packet,  DTEs  have 
a  mechanism  to  measure  the  network  transit  delay,  which  is  needed 
by  some  applications,  e.g.  such  as  radar/weapon  control  systems. 

Semi-Broadcast 


In  a  PR-network  where  the  network  topology  constitutes  a  complete 
graph  (i.e.  every  pair  of  nodes  is  adjacent)  a  broadcast  facility 
may  be  implemented  without  the  need  to  introduce  additional 
network  functions.  Generally,  the  network  topology  does  not 
constitute  a  complete  graph  and  the  broadcast  protocol  needed  in 
such  a  case  does  not  only  introduce  additional  complexity,  but 
also  uses  too  much  bandwidth  in  a  narrow-band  PR-network.  For 
these  reasons  only  a  serai-broadcast  facility  (i.e.  a  packet 
transmitted  on  the  radio  channel  is  only  received  by  nodes  one 
hop  away)  is  implemented. 

Packets  transmitted  as  semi-broadcast  packets  are  conveyed  by 
means  of  the  Reduced  FS  w/RR  at  the  DTE/DCE  interface  (Semi- 


broadcast  can  not  be  used  in  case  of  standard  X.25  VCs!).  The 
semi-broadcast  facility  is  requested  by  setting  a  dedicated 
called  DTE  address  in  the  X.25  call  request  packet.  A  packet 
conveyed  by  X.25  FS  w/RR  is  identified  as  semi-broadcast  by  the 
special  called  DTE  address  value  in  the  X.25  incoming  call 
packet.  The  calling  DTE  address  field  shall,  as  usual,  contain 
the  address  of  the  DTE  that  issued  the  packet. 

At  the  intra  network  level  no  acknowledgement/retransmission 
procedure  is  applied  on  semi-broadcast  packets. 

3  A  DISTRIBUTED  ROUTING  ALGORITHM 

The  global  network  topology  has  a  hierarchical  routing  strategy 
with  two  levels.  The  lowest  level  is  the  local  distributed  routing 
within  the  scope  of  one  single  PR-subnetwork.  The  highest  level  is 
the  global  routing  algorithm  which  is  necessary  to  perform 
communication  between  subnetworks . 

The  routing  strategy  presented  in  this  paper  will  only  discuss  the 
routing  algorithm  which  handles  the  intra  network  communication 
(the  communication  within  a  subnet-work). 

Figure  8  shows  7  nodes  and  their  connectivity.  Each  node  has  an 
local  address  which  is  unique  within  the  subnetwork.  The  network 
communication  is  based  on  packet  switching  which  means  that  all 
messages  are  Transmitted  as  one  or  several  packets  depending  on 
the  length  of  the  message.  All  packets  must  have  address 
information  in  the  PCI  (Protocol  Control  Information)  field  which 
specifies  the  destination  address  and  the  address  of  the  next  hop 
on  the  route.  Hence,  one  of  the  advantages  of  packet  switching  is 
that  all  packets  are  individually  routed  through  the  network.  Once 
a  packet  has  been  transmitted  from  a  node,  the  same  node  is  free 
to  be  used  for  relaying  by  other  nodes.  This  saves  a  lot  of 
channel  capacity  and  results  in  a  greater  flexibility  than  circuit 
switching . 

To  get  from  the  source  address  A  to  the  destination  address  G 
there  exist  three  route  alternatives  as  shown  in  Figure  8.  To 
determine  the  best  route  alternative  it  is  necessary  to  know  the 
link  quality  and  the  number  of  radio  hops  between  the  source  and 
the  destination  nodes.  The  establishment  of  routing  information 
and  the  selection  of  the  most  optimum  path  between  two  nodes  are 
two  of  the  important  functions  in  a  distributed  routing  algorithm. 

The  fact  that  node  A  makes  all  the  decisions  in  the  route 
selection  procedure  is  the  main  philosophy  of  the  distributed 
routing  strategy.  Node  A  must  have  all  routing  information 
necessary  in  its  own  routing  tables  to  be  able  to  make  the  best  ■ 
route  selection. 

3 . 1  Address  assignment 

All  nodes  in  the  network  have  a  unique  global  address  which  is 
preassigned  (TADKOM  address).  This  address  would  use  too  much  PCI 
space  and  contains  redundant  address  information  for  subnetwork 
(local)  communication.  This  suggests  that  a  mapping  from  a  global 
to  a  local  subnetwork  address  is  necessary.  The  length  of  the 
local  address  which  is  used  in  the  routing  tables  is  important  for 
the  dimensions  of  these  tables  and  the  PROP  (Packet  Radio 
Organization  Packets)  packets  that  distribute  the  address 
information. 
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The  global  subscriber  address  consist  of  a  4  digit  TADKOM  number 
(2  bytes  long)  .  The  subscriber  address  is  unique  within  its  own 
division.  However,  this  address  is  not  used  directly  in  the 
forwarding  algorithm  when  finding  the  next  hop  address  from  the 
routing  table.  The  forwarding  within  a  subnetwork  require  only  a 
local  address  which  is  unique  for  that  particular  subnetwork.  The 
data  element  used  for  local  addressing  is  called  a  node  number 
which  is  one  byte  long.  The  7  LSB's  of  the  node  number  is  the 
local  address  and  the  MSB  makes  it  possible  to  distinguish  between 
a  management  packet  and  an  application  packet. 

The  size  of  the  node  number  means  that  there  are  127  local 
addresses  available  in  a  subnetwork.  Each  node  must  have  a  table 
that  contains  the  mapping  between  the  global  subscriber  address 
and  the  local  node  address.  The  mapping  is  performed  during  the 
establishment  procedure  and  is  valid  for  a  node's  lifetime  in  the 
network.  The  mapping  of  each  subscriber  address  to  the  local 
address  must  be  distributed  to  all  nodes  in  the  subnetwork.  For 
further  details,  see  the  section  on  distribution  of  routing 
information. 

Figure  9  shows  how  the  global  and  local  addresses  are  organized  in 
the  packet  header.  Both  the  source  and  the  destination  end 
addresses  are  global  subscriber  addresses  of  two  bytes  each.  This 
is  necessary  in  the  case  where  the  destination  node  is  deployed  in 
an  other  subnetwork.  The  RAX  must  know  the  global  subscriber 
address  to  be  able  to  forward  the  packet  to  its  final  destination. 

The  link  source  and  the  link  destination  fields  in  Figure  9  are 
used  for  local  forwarding  purposes.  These  fields  contain  local 
addresses  which  is  specified  link  by  link.  The  link  destination 
address  is  the  next  hop  on  the  route  towards  the  final 
destination.  This  address  as  well  as  the  link  source  address  are 
therefore  going  to  change  as  the  packet  traverses  the  route. 

Figure  10  shows  how  the  mapping  of  the  three  subscriber  end 
addresses  are  mapped  into  the  local  node  addresses.  A  packet  from 
node  D  to  F  will  have  a  destination  end  address  End-C.  The  source 
node  D  must  fetch  the  local  node  address  corresponding  to  End-C 
from  its  mapping  table  and  then  find  the  link  destination  address 
in  its  routing  table,  which  in  this  case  will  be  node  E.  The  same 
procedure  must  be  performed  once  more  when  the  packet  reaches  node 
E  to  establish  the  correct  address  fields  in  the  packet. 

The  signalling  in  the  establishment  procedure,  which  is  necessary 
for  the  address  assignment,  is  to  be  determined. 

3 . 2  The  management  functions  of  an  established  subnetwork 

The  nature  of  the  application  traffic  in  our  PR-subnetwork  will  in 
general  have  a  burstly  characteristics.  High  priority  application 
traffic  requiring  the  full  capacity  of  the  network,  will  in 
general  only  last  a  few  minutes.  This  means  that  in  between  bhe 
heavy  traffic  loads  there  are  long  time  intervals  which  are 
available  for  maintaining  the  network. 

3.2.1  Routing  table  structure 

The  general  routing  updating  procedure  shall  ideally  develop  a 
complete  routing  table  for  each  node  in  the  network.  This  table 
will  only  hold  addresses  which  are  local  to  the  subnetwork.  When  a 
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node  transmits  a  packet  with  a  global  destination  address,  it  must 
request  the  RAX  to  forward  the  packet  to  the  final  destination. 

One  of  the  important  functions  in  the  routing  algorithm  is  to 
select  the  most  optimum  route  from  the  source  node  to  the 
destination  node.  This  selection  is  made  on  the  basis  of  the 
information  contained  in  the  routing  table.  Each  route  has  its  own 
set  of  data  elements  that  go  into  the  route  selection  algorithm. 
This  section  will  discuss  all  of  these  elements  in  detail.  The 
discussion  on  the  route  selection  algorithm  is  included  in  a  later 
section . 

A  route  with  address  information  and  other  radio  link  data 
constitutes  one  entry  in  the  routing  table.  The  addresses  and  the 
radio  link  data  are  the  elements  that  specifies  one  entry. 

3.2.2  Local  subnetwork  addresses 

The  section  on  address  assignment  discussed  the  difference  of 
local  and  global  addresses.  All  addresses  in  the  routing  table  are 
local  node  addresses  so  that  a  mapping  must  take  place  before 
these  addresses  have  any  meaning. 

Each  entry  in  the  routing  table  consists  of  two  local  addresses. 
These  addresses  are  the  destination  address  and  the  next  hop 
address  on  the  route.  A  source  address  is  not  necessary  in  the 
table  since  it  is  the  same  as  the  owner  of  the  table  for  all 
entries . 

Figure  1 1  shows  a  subnetwork  and  a  routing  table  representing  the 
node  A.  The  first  two  elements  in  each  entry  are  the  end 
destination  address  and  the  next  hop  address.  When  node  A  wants  to 
send  a  packet  to  node  D  as  the  end  destination  address,  the 
algorithm  looks  up  the  entry  that  has  this  end  address.  The  next 
hop  address  from  this  entry  is  node  B,  which  will  look  in  its  own 
tables  and  get  a  new  next  hop  address.  This  will  cring  the  packet 
closer  to  its  destination. 

The  source  node  A  does  not  need  to  know  how  the  next  hop  address, 
node  B,  forwards  the  packet  to  the  final  destination.  When  node  A 
receives  the  PROP  packets  during  the  routing  updating  intervals, 
it  will  get  the  information  that  node  B  has  a  route  to  node  D  as 
the  final  destination. 

3.2.3  Global  addresses 

Destinations  that  have  global  subscriber  addresses  may  only  be 
reached  with  the  assistance  of  a  RAX  node.  The  source  node  does 
not  have  any  routing  information  about  a  destination  node  which  is 
deployed  in  another  subnetwork.  The  routing  algorithm  must  in  this 
case  be  able  to  identify  that  the  destination  address  is  global, 
and  send  the  packet  to  the  RAX  for  forwarding. 

3.2.4  The  link  factor 

From  the  network  topology  in  Figure  11,  we  see  that  some 
destination  addresses  are  reachable  by  more  than  one  route 
alternative.  To  select  the  most  optimum  route  alternative  it  is 
necessary  to  collect  data  about  each  route  between  the  source  and 
destination  nodes.  The  link  factor  is  one  of  the  elements  which  is 
used  in  the  route  selection  algorithm. 
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In  a  general  terminology  the  link  factor  is  a  measure  of  the  bit 
error  rate  on  a  radio  link.  However,  the  introduction  of  FEC 
(Forward  Error  Correction  Codes),  will  result  in  only  two  states 
of  a  link.  This  means  that  the  packet  is  either  received  perfectly 
or  the  packet  may  not  be  retrieved  at  all. 

Even  if  the  packet  is  received  perfectly  on  more  than  one  radio 
link,  it  is  possible  to  give  them  a  different  rating.  This  rating 
is  dependent  on  the  signal  to  noise  ratio  on  the  link  as  shown  in 
Figure  12.  Hence,  by  this  way  of  rating  the  link,  it  is  possible 
to  see  how  resistant  each  link  are  to  external  disturbances. 

The  link  factor  may  vary  among  the  three  values  from  10,  20  and  30 
dB  margin  to  the  noise  level  which  corresponds  to  the  link  factors 
of  1 ,  2  and  3  respectively.  Without  any  disturbances  there  is  not 
going  to  be  any  significant  difference  in  performance  between 
links  of  link  factors  1  and  3.  However,  during  jamming  or  other 
interfering  activities,  it  is  clear  that  a  link  with  factor  3  is 
the  best  choice. 

3.2.5  Worst  Link  Factor  (WLF) 

A  multihop  route  may  have  link  factors  that  vary  from  the  first  to 
the  last  hop  on  the  route.  It  is  obvious  that  the  throughput  from 
the  source  node  to  the  destination  node  is  greatly  dependent  on 
the  weakest  link  on  that  route.  The  easiest  way  of  avoiding  a 
congestion  on  a  weak  link  is  simply  to  avoid  the  route  if  there 
are  other  alternatives.  WLF  (worst  link  factor)  is  therefore  an 
important  measure  of  telling  how  likely  a  route  is  to  get 
congested  at  some  point. 

3-2.6  Average  Link  Factor  (ALF) 

WLF  does  not  give  any  information  about  other  links  on  the  route 
than  the  worst  link.  To  be  able  to  distinguish  between  two  routes 
that  have  the  same  WLF  it  is  necessary  to  include  an  ALF  (average 
link  factor).  This  element  is  just  the  average  of  all  link  factors 
on  one  route  from  the  source  node  to  the  destination  node. 

3.2.7  Radio  Hop  Count 

The  number  of  radio  hops  is  a  parameter  that  goes  into  the  route 
selection  algorithm.  The  section  on  route  selection  will  discuss 
this  algorithm  in  more  detail. 

3.2.8  Next  hop  address  in  voice/data  mode 

In  general  we  have  a  homogeneous  set  of  nodes  in  the  PR-subnetwork 
which  are  all  capable  of  relaying  packets  to  its  destination 
addresses.  However,  in  our  application  the  nodes  must  be  able  to 
handle  both  voice  and  data  traffic.  Since  the  nodes  that  wish  to 
use  the  voice  channel  must  change  the  operating  frequency,  they 
make  themselves  unavailable  as  relay  nodes  for  data  traffic. 

It  is  possible  for  a  node  to  detect  if  one  of  its  neighbors  has 
switched  over  to  voice  mode  by  listening  to  the  signalling,  which 
is  necessary  when  establishing  a  voice  channel.  This  signalling 
must  be  performed  on  the  data  channel.  Once  a  node  has  detected  a 
neighbor  in  voice  mode,  it  must  be  marked  as  such  in  the  routing 
tables . 

The  routing  algorithm  will  always  check  the  voice/data  element  in 
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the  table,  to  see  if  the  next  hop  address  is  busy  on  a  different 
operating  frequency  (voice  mode). 

Figure  1 1  shows  that  node  F  has  switched  to  a  voice  channel  to 
talk  with  node  G.  Node  F  will  therefore  not  function  as  a  relay 
node  on  the  route  to  the  destination  address  H  from  the  source 
address  A. 

3.2.9  Silent  nodes 

There  are  a  few  nodes,  that  are  only  allowed  to  transmit 
application  traffic  under  certain  circumstances.  These  nodes  are 
not  permitted  to  broadcast  PROP  packets  to  maintain  routing 
tables . 

During  the  establishment  procedure  the  silent  node  must  notify  the 
assisting  node  about  its  type.  The  silent  node  address  is  then 
marked  as  such  in  the  routing  table.  An  entry  which  has  a  next  hop 
address  marked  as  a  silent  node  must  not  be  used  under  normal 
circumstances . 

3.2.1  Missing  the  link  Response  (MLR) 

The  link  layer  will  retransmit  the  packet  several  times  to  try  to 
reach  its  receiving  end  on  a  link.  The  network  layer  then  gets 
notified  when  a  packet  does  not  succeed  in  reaching  the  other  end 
of  a  link.  Each  time  the  link  between  the  source  node  and  the  next 
hop  node  malfunction,  a  MLR  count  is  incremented. 

A  maximum  count  is  preliminary  set  to  3  MLR's  within  a  time  window 
(the  length  of  the  time  window  is  to  be  determined).  When  an  entry 
reaches  a  maximum  count  it  will  be  removed  from  the  routing  table. 
This  procedure  is  included  to  prevent  unnecessary  deletions  of 
entries  from  the  table.  In  a  network  with  a  changing  topology 
there  may  be  nodes  that  only  temporarily  will  loose  their  link 
connectivity. 

3-2.11  Alternative  routes  listed  in  the  table 

The  routing  table  may  contain  several,  up  to  three,  different 
routes  from  source  to  destination  address.  The  route  selection 
algorithm  will,  based  on  the  route  elements  discussed  above,  make 
a  prioritized  list  of  the  available  routes.  How  the  preferred 
route  is  selected  is  discussed  in  the  chapter  on  route  selection 
algorithms . 

3 . 3  Distribution  of  routing  information 

The  general  routing  algorithm  is  based  on  distributing  routing 
information  through  the  network.  Each  node  will  build  up  a  table 
with  all  local  addresses  in  the  network  based  on  the  information 
received  in  the  PROP  packets . 

3.3.1  The  PROP  packet  layout 

Each  PROP  packet  contains  all  the  primary  routes  from  the  routing 
table.  Any  second  and  third  choice  route  alternatives  are  not 
included  to  limit  the  length  of  the  PROP  packet.  The  next  hop 
address  field  in  each  entry  is  redundant,  since  this  address  is 
equal  to  the  TSA  (terminal  source  address)  of  the  PROP  packet. 
Figure  13  shows  how  the  neighbors  to  node  A  updates  the  next  hop 
address  by  receiving  PROP  packets. 


Node  X  is  new  in  the  network  and  receives  four  new  entries  to 
include  in  its  routing  table.  We  note  that  the  next  hop  address  is 
updated  from  the  TSA  field  in  the  PROP  packet.  (Only  the  address 
elements  are  considered  in  this  example) . 

Each  entry  (primary  route)  in  the  PROP  packet  need  to  include  the 
link  elements,  ALF,  WLF  and  RH,  that  specifies  the  quality  of  the 
route  from  source  to  destination.  The  receiver  of  the  PROP  packet 
must  add  the  values  for  the  new  link  to  each  route.  As  in  Figure 
13,  node  X  must  include  the  link  factor  between  itself  and  node  A, 
when  calculating  WLF  and  ALF  for  the  route  from  X  to  D. 

The  voice/data  channel  information  bit  is  not  necessary  in  the 
PROP  packets  since  the  receiver  of  the  PROP  packet  will  be  two 
hops  away  from  the  node  that  this  information  concerns .  Every  node 
must  determine  its  own  voice/data  information  bit  by  listening  to 
the  signalling  procedure  which  is  required  to  establish  a  voice 
channel.  The  default  is  that  all  nodes  are  in  the  data  mode. 

The  element  that  specifies  the  MLR,  is  not  included  in  the  PROP 
packet  for  the  same  reasons  as  for  the  voice/data  element.  Each 
node  must  establish  its  own  MLR  statistics  on  all  adjacent  links. 

The  PROP  packet  must  include  the  silent  node  element  for  each 
entry.  This  element  always  corresponds  to  the  next  hop  address  on 
the  route.  Any  node  transmitting  a  PROP  packet  therefore  writes 
its  own  operating  mode  into  the  silent  node  element. 

Each  PROP  packet  must  include  the  mapping  between  the  global 
subscriber  address  and  the  local  node  address.  Since  a  PROP  packet 
is  distributed  by  semi-broadcast  the  receiver  knows  that  the 
packet  has  only  travelled  one  radio  hop.  This  means  that  the 
subscriber  source  address  will  always  correspond  to  the  local  link 
source  address.  Hence,  it  is  possible  to  fetch  the  mapping  from 
the  address  field  in  the  header  of  the  PROP  packet. 

When  more  than  one  terminal  is  connected  to  the  same  physical  node 
it  is  necessary  with  extended  mapping.  In  this  case  there  will  be 
several  subscriber  addresses  to  one  local  node  address.  The 
extended  mapping  must  also  be  distributed  in  the  PROP  packets. 
Since  only  the  mapping  between  the  subscriber  address  of  the 
source  terminal  and  the  local  link  source  address  is  included  in 
the  header,  there  must  be  additional  extended  mapping  in  the 
information  field  of  the  PROP  packet.  A  separate  subscriber 
address  field  is  included  in  the  PROP  packet  to  hold  the 
additional  addresses  which  are  mapped  to  the  local  node  address. 
The  first  part  of  Figure  14  illustrates  the  elements  included  in 
the  PROP  packet  for  one  entry.  The  second  part  shows  how  the 
different  entries  are  packed  into  the  PROP  packet.  Note  the 
inclusion  of  the  subscriber  address  field  for  extended  mapping. 
This  field  is  empty  if  there  is  only  one  terminal  connected  to  the 
node.  The  length  of  the  information  field  in  such  a  packet  depends 
on  the  number  of  primary  routes  established  in  the  network. 

It  is  desirable  to  keep  the  length  of  a  PROP  packet  as  short  as 
possible  to  reduce  the  demand  on  the  channel  capacity  when 
distributing  the  routing  information.  The  preliminary  studies 
shows  that  each  entry  or  route  requires  two  bytes  to  hold  the 
information  as  discussed  above.  The  maximum  number  of  nodes  in 
such  a  subnetwork  is  specified  to  be  50  nodes  which  means  a 
maximum  PROP  packet  length  of  100  bytes  plus  the  PCI  information 
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field. 

3.3.2  PROP  distribution 

The  PROP  packets  are  distributed  using  semi-broadcast  which  means 
that  the  packets  are  only  transmitted  to  the  neighboring  nodes . 
These  packets  are  not  acknowledged  by  the  neighbors  upon 
reception,  and  hence  they  may  not  be  retransmitted  from  the 
source.  This  means  that  it  is  possible  to  loose  a  PROP  packet  in 
the  routing  updating  procedure . 

3.3.3  Periodic  distribution  of  PROP  packets 

The  periodic  distribution  of  PROP  packets  is  significant  for  the 
general  routing  strategy  to  conserve  bandwidth.  All  the  changes  in 
the  routing  table  are  not  distributed  until  the  next  PROP  interval 
and  will  propagate  one  hop  further  through  the  network  for  each 
new  PROP  interval.  This  prevents  that  any  single  change  in  the 
routing  table  triggers  off  a  transmission  of  a  PROP  packet.  (Event 
driven  routing  traffic  is  distributed  in  that  way) . 

The  PROP  intervals  are  periodic  with  respect  to  a  single  node,  but 
asynchronous  with  respect  to  all  the  other  nodes  in  the  network. 
The  overall  routing  traffic  for  the  whole  network  is  thus  spread 
out  in  time  to  avoid  congestion  of  PROP  packets . 

The  time  between  each  PROP  interval  is  to  be  determined  by 
simulating  the  PROP  traffic  pattern  with  varying  interval  lengths. 
The  demand  on  the  data  channel  must  then  be  adjusted  to  be  within 
the  available  channel  capacity. 

3.3.4  Varying  the  PROP  time  interval 

The  available  channel  capacity  may  vary  greatly  depending  on  the 
current  application.  The  establishment  phase  will  in  general  be 
performed  some  time  before  there  is  any  demand  for  application 
traffic  in  the  network.  This  fact  suggest  that  it  is  possible  to 
speed  up  the  propagation  of  routing  information  through  the 
network  by  making  the  PROP  time  interval  shorter. 

It  is  therefore  advisable  to  have  two  PROP  time  intervals.  A  short 
PROP  time  interval  is  used  during  (or  immediately  after)  the 
establishment  phase  of  the  network.  Then,  after  5  to  10  minutes 
the  network  should  be  updated,  and  the  normal  PROP  interval  for 
maintaining  the  network  is  used.  It  is  important  to  note  that  if 
any  conflicts  should  occur,  the  general  PROP  traffic  has  a  lower 
priority  than  most  application  traffic. 

3.3.5  Loosing  a  PROP  interval 

As  mentioned  earlier,  it  is  possible  to  loose  a  PROP  interval  from 
a  neighbor  because  the  semi-broadcast  function  does  not  retransmit 
if  there  is  any  errors  on  the  link.  However,  it  is  predicted  that 
there  is  not  going  to  be  any  unacceptable  inconsistencies  in  the 
routing  tables  when  loosing  an  update  interval. 

When  this  happens  during  the  first  5  to  10  minutes  of  the  network 
history  (establishment  phase)  the  updating  will  take  an  interval 
time  longer  for  that  particular  node.  If  it  happens  during  regular 
maintenance  of  the  network,  the  entries  lost  is  contained  in  the 
PROP  packet  which  is  transmitted  in  the  next  PROP  interval  as 
well . 
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Hence  loosing  a  PROP  packet  from  one  of  the  neighboring  nodes  will 
only  lead  to  out-of-date-routes  which  have  that  particular 
neighbor  as  the  next  hop  address.  The  route  to  the  end  address  E 
in  Figure  15  may  be  inconsistent  for  only  one  PROP  interval. 

3 . 4  Jamming 

One  of  the  advantages  with  a  distributed  routing  strategy  is  the 
robustness  against  jamming  and  other  external  disturbances. 
However,  there  are  several  ways  the  electronic  warfare  may  affect 
the  network  topology. 

In  the  case  where  the  enemy  uses  a  stand  off  jammer,  which  will  be 
at  some  distance  from  the  communication  activity,  only  parts  off 
the  network  topology  is  going  to  be  affected.  Here  it  is  possible 
to  use  one  of  the  alternative  routes  if  the  primary  route  is 
blocked  because  of  jamming.  Because  of  the  distributed  routing 
strategy  the  source  node  of  any  route  is  not  dependent  on  routing 
information  from  a  master  node  in  the  network  which  may  be 
temporarily  blocked. 

3 . 5  Forwarding  algorithms 

The  distribution  of  routing  information  through  the  network 
results  in  developing  tables  that  contains  several  route 
alternatives  to  the  same  destination  end  address.  The  same  routing 
tables  also  contains  data  elements  that  makes  it  possible  to 
evaluate  each  route  separately  and  to  select  the  most  optimum 
route  at  all  times. 

All  radio  links  are  evaluated  by  link  factors  as  discussed  earlier 
in  the  paper.  These  link  factors  are  in  general  obtained  under 
stable  conditions  during  the  establishment  phase  of  the  network. 
The  route  selection  algorithm  is  then  going  to  make  a  list  of 
routes  with  1st,  2nd  and  3rd  priority  routes.  This  prioritized 
list  of  routes  is  used  as  is  if  the  conditions  for  transmission 
are  kept:  unchanged  since  the  list  was  made. 

However,  one  or  more  nodes  in  the  network  may  experience  a 
temporary  change  in  the  signal  to  noise  ratio  which  will  lead  to 
different  link  factors  for  these  nodes.  Under  the  new  conditions 
the  most  optimum  route  might  be  the  one  of  the  previously  rated 
2nd  or  3rd  route  choices. 

3.5.1  Determination  of  the  1st  priority  route  alternative 

Given  stable  network  conditions  for  transmission  there  is  not 
going  to  be  any  difference  in  performance  between  routes  with 
varying  link  factors  as  long  as  the  value  is  equal  to  one  or 
greater  (see  section  on  link  factor).  Hence,  the  route  selection 
algorithm  determines  the  1st  priority  route  on  the  basis  on  other 
throughput  and  delay  considerations.  Having  the  requirement  of 
minimum  link  factor  fulfilled,  it  is  the  route  with  the  lowest 
number  of  radio  hops  which  is  selected  as  the  1st  priority  route. 

Figure  16  shows  two  alternative  routes  from  node  A  to  node  B.  The 
route  with  only  two  radio  hops  has  a  lower  link  factor  than  the 
other,  but  the  radio  links  are  good  enough  for  transmission  under 
normal  conditions.  Hence,  since  the  route  with  2  radio  hops  is 
going  to  introduce  smaller  packet  transmission  delays  and  requires 
a  smaller  channel  capacity,  it  will  be  the  1st  priority  route. 
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In  the  case  where  all  the  three  route  alternatives  have  the  same 
number  of  radio  hops,  the  selection  has  to  be  based  on  the  link 
factors.  When  still  assuming  that  the  radio  links  on  all  routes 
fulfill  the  minimum  requirement  of  link  factors  it  is  apparently 
that  all  three  routes  is  going  to  perform  equally  well. 

The  selection  is  now  made  on  the  basis  on  how  well  the  routes  is 
going  to  perform  if  any  external  disturbances  are  introduced  into 
the  transmission  environment.  Since  the  link  factor  gives  a  direct 
value  describing  how  robust  each  link  is  to  external  noise,  it  is 
quite  easy  to  distinguish  between  the  three  routes. 

The  first  element  to  examine  in  the  table,  is  the  WLF  on  each 
route.  The  route  with  the  highest  WLF  must  be  selected  as  the  1st 
priority  route.  This  is  because  the  WLF  element  gives  a  value  of 
the  weakest  link  on  any  route.  In  general,  it  is  assumed  that  the 
quality  of  a  route  is  not  to  be  rated  higher  than  its  worst  link. 

Figure  17  shows  3  alternative  routes  and  their  respective  link 
factors .  When  examining  the  routing  table  it  is  clear  that  the 
last  entry  in  the  table  has  the  highest  WLF  value  and  must  be 
selected  as  the  1st  priority  route. 

In  the  last  case  where  all  3  routes  have  the  same  WLF  value,  the 
route  selection  must  be  determined  by  the  value  ALF.  The  route 
with  the  highest  ALF  is  selected  as  the  1st  priority  route. 

3.5.2  Determination  of  2nd  and  3rd  route  alternative 

In  the  case  where  all  3  route  alternatives  have  different  number 
of  radio  hops  it  is  just  to  rate  the  route  with  the  next  lowest 
number  of  radio  hops  as  the  2nd  priority  route  and  so  on. 

In  general,  the  same  route  selection  algorithm  is  used  to 
determine  the  2nd  priority  route  as  for  the  1st  priority  route  as 
described  above.  The  3rd  priority  route  is  defined  to  be  the  most 
resistant  route  and  must  therefore  be  selected  on  the  basis  on  the 
link  factor  rating.  See  the  section  on  saving  the  most  resistant 
route  alternative. 

Figure  17  gives  an  example  on  how  the  three  routes  are  given  their 
respective  priorities  based  on  the  algorithm  described  above. 

3.5.3  Route  selection  when  experiencing  external  noise 

The  radio  unit  may  detect  the  noise  level  at  all  times  in  the 
network.  A  sudden  change  in  the  noise  level  may  lead  to  poor  link 
factor  ratings  on  various  routes.  Any  route  to  be  used  for  packet 
forwarding  must  fulfill  the  requirement  of  minimum  link  factor 
value . 

Lets  look  at  Figure  16  to  see  what  happens  if  node  A  experiences  a 
10  dB  rise  in  the  noise  level.  This  means  that  the  first  hop  on 
the  1st  priority  route  is  going  to  be  marginal  with  the  noise 
level  and  will  probably  not  perform  as  required.  In  this  case  the 
route  selection  algorithm  must  examine  the  detected  signal-to- 
noise-ratio  and  select  the  route  with  a  higher  link  factor  rating. 

Before  the  route  selection  algorithm  can  fetch  the  most  optimum 
entry  from  the  routing  table,  it  must  first  check  with  the  radio 
unit  for  any  detection  of  external  noise.  If  normal  conditions  are 
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present,  it  is  just  to  fetch  the  predetermined  optimum  route. 
Otherwise  the  temporary  change  in  signal  to  noise  ratio  has  to  be 
examined  and  included  in  the  route  selection  algorithm  to  give  the 
most  optimum  route. 

3.5.4  Saving  the  most  resistant  route  alternative 

The  discussion  in  the  previous  sections  points  out  the  importance 
of  having  a  very  resistant  route  that  can  be  used  during  severe 
conditions .  The  entries  in  the  routing  table  are  selected  with  a 
special  emphasis  on  a  low  number  of  radio  hops.  Hence,  some  of  the 
routes  with  the  highest  priority  may  have  a  very  poor  resistance 
to  external  noise.  Even  worse  is  the  case  when  all  the  three 
selected  routes  to  a  specific  destination  have  poor  link  factors. 

This  situation  is  prevented  since  the  third  priority  route  is 
always  selected  on  the  criteria  that  it  must  be  the  most  resistant 
route,  i.e.  the  route  with  the  highest  link  factors. 

4  MEDIUM  ACCESS  PROTOCOL 

In  a  subnetwork  there  are  a  number  of  communicating  radio-nodes 
sharing  a  common  (radio)  channel,  see  Figure  8.  The  Radio-Access- 
Protocol  is  the  mechanism  that  controls  how  the  channel-capacity 
is  shared  between  the  nodes . 

The  system  being  developed  must  cover  a  wide  range  of 
applications.  This  means  that  the  number  of  nodes  and  the  traffic 
parameters  will  vary  with  each  different  subnet.  The  system  must 
be  flexible  and  robust.  It  is  also  required  to  be  autonomous,  i.e. 
not  being  dependent  on  a  central  node. 

4 • 1  The  CSMA-protocol 

Based  on  these  requirements  ,  a  carrier-sense-multiple-access 
( CSMA)  protocol  has  been  chosen.  The  CSMA-technique  can  be 
described  as:  A  node  has  a  packet  to  send,  it  first  listens  to 
the  channel  to  see  if  anyone  else  is  transmitting.  If  the  channel 
is  busy,  the  node  waits  until  it  becomes  idle.  When  the  station 
detects  an  idle  channel,  it  transmits  the  packet. 

There  are  various  versions  of  the  CSMA-protocol  and  the  particular 
version  we  have  chosen,  is  illustrated  in  Figure  18  and  in  Figure 
19  (flowchart).  Consider  a  node  having  a  packet  ready  for 
transmission.  It  first  wait  a  period  of  time  called  the 
"propagation  delay",  then  a  "random  delay".  During  the  time,  the 
node  is  waiting,  it  is  (concurrently)  also  listening  to  the 
channel.  Should  the  node,  during  this  waiting  period,  detect 
another  node  transmitting,  it  resets  the  waiting  time  and  waits 
until  the  channel  again  becomes  idle. 

The  priority  delay  is  dependent  on  the  priority  of  the  packet 
to  be  sent.  The  packet  with  highest  priority  have  no  priority 
delay  while  packets  with  low  priority  have  long  priority  delay. 

In  this  way,  if  the  traffic  load  is  heavy,  it  is  possible  to  give 
important  packets  priority  accessing  the  channel. 

The  "random  delay"  is  a  time  delay  drawn  from  a  uniform  distribution. 
This  time  is  introduced  to  decrease  the  probability  of  having  two 
nodes  transmitting  simultaneously. 

When  a  node  has  waited  a  time  equal  to  both  the  priority  delay  and 
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the  random  delay,  and  the  channel  is  still  idle,  the  node  turn 
it's  radio  from  receiving  mode  to  transmitting  mode.  This  turn- 
operation  requires  a  certain  amount  of  time.  (The  turn-time  is  at 
the  moment  10  ms  or  less  for  the  radio  used) . 

In  transmitting  mode  the  radio  may  now  start  to  transmit  a 
packet.  First  the  radio  transmits  a  special  pattern  called 
"preamble".  This  preamble  informs  the  receiving  radio (s.)  that  a 
data-packet  will  now  arrive.  The  data  packet  consists  of  the 
protocol  control  information  (PCI)  and  user-data.  Figure  18  also 
show  the  packet  received  by  another  node. 

The  propagation  delay,  i.e.  the  time  from  the  moment  the  signal 
leaves  the  transmitting  antenna  to  it  reaches  the  receiving  node, 
is  assumed  to  be  zero  compared  to  the  turn  time  and  the  duration 
of  the  preamble. 

The  period  from  the  time  the  node  starts  to  turn  it's  radio 
from  receiving  to  transmitting  mode,  to  the  time  when  the  other 
nodes  detects  that  it  is  transmitting,  is  called  the  "response 
delay" : 

Response  Delay  =  Turn  Time  +  Propagation  Delay  +  Preamble 

Within  this  period  of  time  it  is  hence  possible  for  other  nodes  to 
start  a  transmission,  thus  there  is  a  finite  probability  that  two 
or  more  nodes  start  to  transmit  simultaneously.  Should  this 
happen,  the  packets  involved  will  collide,  and  hence  they  will  be 
lost.  To  make  sure  that  the  packet  being  transmitted  is  correctly 
received  by  the  other  node(s),  an  acknowledge  mechanism  is  used.  A 
node  that  receives  a  packet  correctly,  reply  to  the  transmitting 
node  by  sending  an  acknowledgement.  If  the  transmitting  node  does 
not  receive  an  acknowledgement  within  a  certain  period  of  time,  it 
retransmits  the  packet. 

However,  to  prevent  a  deadlock  situation  and  to  reduce  the 
probability  of  collisions,  each  node  applies  a  random  delay 
interval  before  each  transmission.  E.g.  consider  the  situation 
where  one  node  is  transmitting  and  two  or  more  nodes  are  listening 
and  waiting  for  the  channel  to  become  idle.  The  channel  becomes 
idle  and  the  listening  nodes  fight  for  their  access  to  the 
channel.  Each  node  then  draw  a  random  time  within  the  "random 
delay"  interval  and  hence  wait  this  amount  of  time.  This  random 
waiting  time  reduce  the  probability  for  collisions. 

The  Response  Delay  divided  by  the  Packet  length,  is  called  the 
factor  "a" .  It  is  important  to  get  this  factor  as  small  as 
possible  for  CSMA-protocols . 


4 . 2  The  capture  effect 

The  particular  radio  used  in  our  system  is  called  CORA.  (CORA  is 
described  in  full  in  a  separate  paper  by  Ter je  Thorvaldsen) .  CORA 
is  a  direct  sequence  spread  spectrum  radio  and  one  of  its 
important  properties,  when  considering  access  protocols,  is  the 
Capture  Effect. 

In  our  system,  the  Capture  Effect  can  simply  be  described  as  the 
ability  for  a  node,  to  receive  one  out  of  two  or  more  packets  that 
are  transmitted  simultaneously  . 
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Looking  at  Figure  20  we  can  see  two  nodes  A  and  B,  both 
transmitting  a  packet  to  node  C  within  the  response  delay 
interval.  Assume  that  the  packet  from  A  arrives  C  just  before  the 
packet  from  B  (a  few  milliseconds).  Because  of  the  Capture  Effect, 
node  C  receives  the  packet  from  A  without  any  interference  from 
the  packet  from  B.  I.e.  node  C  “captures"  the  first  packet  that 
arrives . 

However,  there  are  certain  criteria  that  must  be  considered.  The 
CORA  radio  is  designed  in  such  a  way  that  the  first  signal  is 
captured  only  if  the  strength  of  the  first  signal  divided  by  the 
strength  of  the  second  signal  is  larger  than  -12dB.  If  the 
quotient  is  less  than  -12dB,  both  packets  are  lost. 

This  means  that  if  node  A  and  B  use  |rhe  same  transmission  power, 
the  distance  from  A  to  C,  using  an  R*  path  loss  approximation,  may 
be  approximately  twice  the  distance  of  B  to  C  and  still  C  will  be 
able  to  capture  (receive)  the  packet  from  A,  if  it  reach  C  just 
before  the  packet  from  B. 

4 . 3  Simulation  results 

There  has  previously  been  done  a  lot  of  research  on  access 
protocols  based  on  the  CSMA  technique.  At  NDRE  there  has  been  a 
particular  interest  concerning  the  role  the  Capture  Effect  has  on 
the  CSMA-protocol . 

We  have  modeled  a  scenario  with  16  nodes  placed  in  a  4x4  matrix. 
The  distance  between  all  neighbour  nodes  is  2  units.  The  scenario 
is  simulated  using  3  sets  of  radio-ranges,  3,  5  and  10  units.  (See 
Figure  21 )  . 


Some  system  parameters : 


Channel  bit  rate 
Packet  length 
Acknowledge  length 
Preamble 
Turn  time 
Priority  delay 
Random  delay 


2400  bits/s 
100  bytes 
8  bytes 

2  bytes 

3  bytes 
5  bytes 

random,  within  a  sample-space 
of  118  bytes 


The  time  taken  from  a  node  starts  to  send  a  packet,  to  the  time  it 
receives  the  acknowledge  packet,  assuming  everything  goes  normal, 
is  called  one  "roundtrip  delay" .  It  is  found  natural  to  use  the 
round  trip  delay  as  a  measure  for  the  time-delay  in  a  subnet. 
(Figure  22) . 


The  data  packets  have  a  priority  delay  of  5  bytes  and  a  random 
delay  of  about  1  roundtrip  delay.  The  acknowledgements  have  first 
priority  and  no  random  delay,  thus  giving  them  prior  access  to  the 
channel.  This  means  that  an  acknowledgement  is  sent  immediately 
after  the  reception  of  a  data  packet,  and  without  any  competion 
from  any  other  node.  The  transmitting  node  will  always  allow 
enough  time  for  the  acknowledgement  to  be  sent,  before  it 
eventually  retransmits  the  packet. 

4.3.1  Complete  subnetwork 


Figure  22  shows  some  results  obtained  after  simulating  a  complete 
network,  i.e.  no  hidden  nodes,  where  the  radio  range  is  10  units 
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and  the  distance  between  the  outer  nodes  is  6  units.  The  top  graph 
shows  the  channel  throughput  (S)  versus  the  offered  channel 
traffic  (G) .  There  are  two  throughput  curves,  one  representing  the 
case  when  using  the  capture  effect  and  one  with  no  capture. 

The  lower  graph  shows  the  avarage  packet  delay  versus  the  offered 
channel  traffic.  The  channel  bit  rate  is  2400  bit/s  and  the 
outermost  left  axis  show  the  round  trip  delay  converted  to 
seconds . 

If  we  assume  a  perfect  transmission,  i.e.  no  collisions  and  no 
waiting  delay  for  the  channel  to  become  idle,  the  delay  will  be 
one  round  trip  delay.  For  comparisons,  we  need  a  reference  value. 
Two  round  trip  delays  corresponds  to  a  reasonable  network-delay, 
and  is  hence  chosen.  Going  from  this  point  on  the  lower  curve  to 
the  corresponding  two  points  on  the  curves  of  the  upper  graph,  we 
are  able  to  read  the  given  throughput  of  the  net  for  this 
particular  delay.  It  can  be  seen  that  with  the  capture  effect  the 
throughput  is  about  1000  bit/s,  and  without  capture,  the 
throughput  is  approximately  900  bit/s. 


4.3.2  Subnetwork  with  hidden  nodes 

However,  the  normal  situation  for  a  subnet  is  that  one  or  more 
nodes  can  not  hear  all  the  other  nodes  in  the  net.  If  we  consider 
the  same  node-scenario,  but  with  the  radio-range  reduced  to  5  units, 
there  will  be  a  new  situation  where  we  get  hidden  nodes.  Figure  24 
shows  the  results  obtained  when  simulating  this  situation.  Using 
the  same  reference  value,  we  only  get  a  throughput  of  600  bit/s 
using  the  capture  effect,  and  with  no  capture  it  can  be  seen  that 
the  net  quickly  reaches  congestion.  This  net-conf igureuration  is 
regarded  to  be  close  to  the  worst  case  situation.  If  we  decrease 
the  radio-range  to  3  units,  the  throughput  will  increase,  since 
there  may  be  independent  packet  transmissions  between  two  outer 
nodes  on  one  side  and  between  two  nodes  on  the  other  side. 

See  Figure  25. 

4.3.3  Varying  the  packet  length 

The  length  of  the  packets  are  also  of  great  importance  to 
optimize  the  throughput.  A  number  of  simulations  have  been 
carried  out  for  a  complete  network,  but  with  varying  packet 
lengths.  The  curve  in  Figure  26  shows  the  throughput  as  a 
function  of  the  packet  length  for  a  complete  network.  It  can  be 
seen  that  the  capacity  of  the  network  reaches  an  asymptotic 
value,  about  1300  bit/s,  for  large  packet  lengths.  For  short 
packet  lengths  the  throughput  falls  to  about  400-500  bit/s. 

It  is  important  to  look  a  the  more  realistic  case,  where  hidden 
nodes  are  present.  Figure  27  shows  this  situation,  and  it  can  be 
seen  that  choosing  a  reasonable  packet  lenght  and  avoiding  a  too 
big  delay,  we  may  get  a  throughput  of  600  bit/s.  This  may  seem 
like  a  poor  channel  utilization.  However  there  are  many  points  to 
be  borne  in  mind. 

1)  We  want  a  very  flexible  system,  the  number  of  nodes  are 
changing  and  the  traffic  parameters  varies  for  each 
subscriber. 
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2)  The  net  topology  also  varies  with  each  subnet. 

3)  There  is  a  demand  for  autonomy  and  resistivity.  I.e.r  we 
want  to  avoid  centralized  solutions. 

Taking  these  requirements  into  account,  the  CSMA-protocol  is 
found  to  be  very  suitable. 

5  CONCLUSION 

The  topics  discussed  in  this  paper  have  one  major  obstacle  to 
circumvent.  It  is  obvious  that  a  data  transmission  rate  of  2.4 
kbit/sec.  puts  a  large  constraint  on  the  management  traffic 
needed  to  maintain  the  network. 

In  order  to  reduce  the  overhead  on  the  radio  channel  and  to 
fulfill  military  requirements,  a  few  enhancements  to  the 
CCITT/X.25  subnetwork  access  protocol  have  been  introduced. 

These  enhancements  resulted  in  a  minor  deviation  from  the 
CCITT/X.25  specification. 

The  general  routing  strategy  has  been  specified  to  deal  with  the 
operational  nature  of  the  network.  Because  of  the  unpredictable 
transmission  environment,  it  is  decided  to  distribute  the  routing 
function  to  each  node  in  the  network.  This  means  that  each  node 
makes  its  own  decisions  when  selecting  the  route  for  packet 
forwarding . 

A  periodic  distribution  of  routing  information  throughout  the 
networks  are  carried  out  to  control  the  information  flow  of 
management  traffic. 

The  CSMA-protocol  is  used  to  meet  the  requirements  of  flexibility 
when  unpredictable  network  topology  and  traffic  demands  are 
present . 
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EXPERIMENTATION  D’UN  SYSTEME  DE  TRANSMISSION 
DE  DONNEES  PAR  CANAL  METORIQUE: 

THEOREME 


par: 

Mr  P.  Sicila 
MrD.Sorais 
Mr  F.  Barrier 

THOMSON-CSF 
66  rue  de  Fosse  Blanc 
92231  GENNEVILLIERS 
FRANCE 


1  ~  RESUME 


La  division  Telecommunication  de  THOMSON-CSF  a  realise  un 
systems  de  transmission  de  donnees  par  canal  meteorique 
THEOREME,  dont  les  etudes  ont  debute  en  fevrier  87.  Le 
projet  THEOREME-FF  est  decompose  en  trois  phases.  La  phase 
1  est  une  liaison  point  a  point  a  l'alternat  entre  deux 
stations  distantes  de  350  km,  les  phases  2  et  3  sont  des 
liaisons  par  diffusion  respectivement  vers  un  vehicule  et 
vers  un  avion. 

Les  experimentations  ont  ete  realisees  pour  plusieurs 
puissances  (1  kW,  200W,  100W  et  50W)  en  VHF  et  en  frequence 
fixe  dans  la  gamme  40-43  MHz.  La  maquette  a  permis 
d'effectuer  des  tests  mesurant  1'ouverture  et  la  fermeture 
du  canal  et  les  taux  d'erreurs  ainsi  que  des  transmissions 
de  messages. 

Les  debits  moyens  mesures  sont  d' environ  100  a  185 
caracteres  utiles/seconde  avec  des  maxima  pouvant  atteindre 
300  A  400  car/s. 


2  ”  INTRODUCTION 

Les  etudes  de  systeme  de  transmission  par  rafales  sur  les 
meteores  (T.R.M. )  ont  commence  au  debut  des  annees  50, 
lorsque  plusieurs  organismes  officiels  Amexricains  et 
Canadiens  (Central  Radio  Propagation  Laboratory,  Canadians. 
Defense  Research  Board, . . . )  ont  entrepris  une  serie 
d' etudes  et  d"  experimentations  en  vue  de  determiner  le 
contexts  d’emploi  de  ce  mode  de  communication  pour  une 
distance  moyenne  (2  1000  km). 


Des  liaisons  experimentales  ont  ete  effectues  par  le 
Central  Radio  Laboratory  sur  une  distance  de  1200  km  pour 
une  frequence  de  50  MHz  et  une  puissance  de  30  kW  sur  une 
antenne  losange  de  20  dB/iso  de  gain. 

Le  Canadian  Defence  Research  Board  mit  en  place  le  premier 
reseau  experimental  (Systeme  JANET)  au  cours  de  1 ' annee 
1955  sur  la  —liaison  Toronto  (Ontario)  -  Port  Arhqr 
(Ontario)  -Edmenton  (Alberta)  -  Yellow  knife  (Territoire  du 
Nord  Ouest)  pour  une  frequence  de  40  et  50  MHz  et  une 
puissance  de  500W  sur  un  groupement  de  4  antennes  YAGI. 

Le  centre  technique  du  SHAPE  a  realise  en  Europe  pour  le 
compte  de  l'OTAN  des  experimentations  sur  le  circuit  LA 
CRAU  (France)  -  LA  HAYE  (Hollande)  avec  le  systeme  COMET 
sur  une  distance  de  1000  km  environ  dans  les  annees  60  -70. 

Par  la  suite,  d'autres  systemes  plus  operationnels  tel  que 
SNOTEL  (a  1' ouest  des  Etats-Unis)  et  AMBCS  en  Alaska  pour 
le  civil  et  FEBA  pour  les  applications  militaires  ont  ete 
realises. 

A  la  demande  de  1 'Administration  militaire  Frangaise, 
TH0MS0N-CSF  a  etudie  et  realise  THEOREME-FF  (Transmission 
HErtzienne  par  Ondes  REflechies  sur  trainees  MEteoriques 
en  Frequence-Fixe )  dans  le  but  principal  de  demonstration 
des  possibilites  d ' utilisation  en  France  de  ce  moyen  de 
communication. 


PHYSIQUE  DU  CANAL 


Le  nombre  de  particules  de  masse  superieure  au  microgramme 
qui  interceptent  journellement  l'orbite  terrestre  est  en 
moyenne  de  10^.  Ces  meteores  creent,  vers  80  a  120  km 
d' altitude,  des  cylindres  ionises  de  10  a  20  km  de  longueur 
capables  de  diffracter  une  onde  incidente.  Les  meteores 
radioelectriquement  utiles  etant  necessairement  tangents  a 
des  ellipsoides  dont  les  foyers  sont  1 '  emetteur  et  le 
recepteur,  les  performances  du  canal  sont  fonction  de  la 
masse,  de  la  vitesse  et  de  la  direction  des  meteores. 
(Figures  1,  2), 

Pour  une  periode  d' observation  T,  le  canal  meteorique  est 
partiellement  decrit  par  les  parametres  suivants  : 

-  do  (en  %)  :  duree  d'ouverture  du  canal  (pourcentage  de 
temps  pendant  lequel  le  canal  est  ouvert). 

-^m  :  duree  de  vie  moyenne  d'une  trainee  ionisee. 

-Sm  :  intervalle  de  temps  moyen  entre  deux 

meteores  utiles. 

Par  definition,  ces  trois  parametres  sont  lies  par  la 
relation  ( 1 )  : 
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4  -  SIMULATION  DU  CANAL  METEORIQUE 

Une  simulation  du  canal  meteorique  permettant  d'estimer  ses 
performances  a  ete  realise  afin  de  comparer  les  resultats 
de  la  simulation  aux  resultats  des  experimentations. 

4.1  -  CALCUL  DES  PARAMETRES  DU  CANAL 


Dans  un  premier  temps  on  souhaite  estimer  le  nombre  moyen 
N  de  meteores  radio-electriquement  exploitables  durant  la 
periode  d' observation  T.  Les  mesures  effectuees  depuis 
trente  ans  tendent  a  montrer  que  le  flux  3T  de  meteores  de 
masses  comprises  entre  m  et  m  +  dm  suit  une  loi  du  type 
(2)  .  (  [1],  [2]  ) 

(2)  jjf  (m)  C  l/m2<*  o<  2  1.2 

La  densite  electronique  q,  definie  comme  etant  le  nombre 
d' electrons  contenus  dans  un  metre  de  trainee  ionisee, 
est  proportionnelle  a  la  masse  du  meteore  incident.  ([2], 

[3] ).  A  partir  de  ces  donnees  on  peut  exprimer  le  flux  de 
meteores  de  densite  electronique  superieure  a  qmin  : 

<3)  rV 

Pour  les  trainees  de  meteores  dont  la  densite 
electronique  q  est  inferieure  1014  el/m  (meteores  dits 
"underdenses" )  1' expression  du  bilan  de  liaison  peut  se 
mettre  sous  la  forme  (4)  (voir  [1])  ou  Pro  est  la 
puissance  maximale  reque  et  Pg  la  puissance  fournie  a 
1 ' antenne  d' emission  : 


Figure  2 


Durde  d'ouvofturo  fonclion  do  ta  distance  do  liaison 


Pe  -  1  kW  -  f  -  40  MHz  *  R  -  4  kbil/s 
EVNo  -  4.5  dB  -  Ff  «  8  d9  •  Bruit  galacliquo 


y. 


Figure . 3 


Avec  : 


Gj?,  Gr  :  Gains  des  antennes  d' emission  et  de  reception 
dans  la  direction  du  point  brillant  P. 

£*  :  Longueur  de  la  zone  de  Fresnel. 

^  :  Longueur  d'onde. 

W  (P)  :  Fonction  dependant  de  1' altitude  du  point  P,  de 

la  position  relative  des  points  E,  R,  P  ainsi 
que  de  la  direction  de  la  trainee. 


La  valeur  qmin  de  la  densite  electronique  minimale 
necessaire  pour  que  le  signal  transmis  soit  detecte  est 
fonction  de  la  puissance  rayonnee  dans  la  direction  du  point 
P  et  de  la  puissance  Prmin  minimale  necessaire  a  1’ entree  de 
la  chaine  de  reception.  D'apres  (4)  on  obtient  : 


(5) 


Trm{n  =  r?f- 


l 

^  fAi*n 


wif) 


A  partir  de  (3)  et  (5)  on  peut  done  ecrire  le  flux  de 
meteores  utiles  sous  la  forme  : 


(6) 


§  (\>  vJ  [ 


Ta  G-aG-ii 


W[P) 


C  Tr 


fmin 


Pour  une  periode  d' observation  suffisamment  longue,  on 
cherche  le  nombre  de  meteores  radio-electriquement 
exploitables  dans  la  totalite  du  domaine  D  (x,  y,  z).  (voir 
Fig.  2).  La  contribution  N(P).  dV  du  volume  elementaire  dV  a 
l'activite  meteorique  totale  est  obtenue  en  prenant  en  compte 
le  nombre  moyen  de  longueurs  de  la  zone  de  Fresnel 
( proportionnel  a  1/L)  contenues  dans  le  volume  dV. 
L ' integration  dans  le  domaine  D  (x,  y,  z)  est  reauite  a  une 
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integration  sur  une  surface  situee  a  1' altitude  moyenne  hm 
d' occurence  des  meteores.  Compte  tenu  de  ces  elements  on  peut 
calculer  la  valeur  moyenne  N  du  nombre  de  meteores  exploites 
durant  la  periods  T  (N  est  egal  a  1/Sm)  : 


(7)  N  <=C 


it.) 


oC 

z 


t 


M*)  WU) 


1  ^ 

-  cJ*.  ol 


L ' integration  est  effectuee  en  supposant  que  la  distribution 
des  meteores  est  uniforme  en  position  et  en  direction.  II 
results  de  cette  hypothese  que  la  probability  de  presence 
d'un  meteors  est  la  meme,  d'une  part,  quelque  soit 
1 'emplacement  du  point  brillant  P  dans  le  volume  D  (x,  y,  z) 
(voir  Fig.  2),  et  d' autre  part,  quelque  soit  1' angle  entre  la 
trainee  et  le  plan  de  propagation.  On  ne  prend  done  pas  en 
compte  la  distribution  fine  des  meteores  qui,  pour  une 
liaison  donnee,  est  liee  aux  mouvements  relatifs  des  meteores 
et  de  la  terre  dans  le  systeme  solaire.  Par  ailleurs  la 
modification  de  la  polarisation  de  l'onde  transmise  (rotation 
Faraday  et  diffusion  sur  la  trainee  ionisee)  n'est  pas 
traitee  dans  cette  simulation. 

En  prenant  en  compte  la  duree  moyenne  pendant  laquelle  une 
trainee  est  radio-electriquement  exploitable  le  calc.ul  de  la 
duree  d'ouverture  du  canal  do  est  obtenue  par  la  meme  methode 
de  calcul.  La  duree  de  vie  moyenne  m  est  ensuite  obtenue 
par  1' expression  (1). 


4.2  -  RESULTATS  NUMERIQUES  OBTENUS 


La  simulation  precedemment  decrite  permet  d'obtenir  des 
grandeurs  relatives  proportionnelles  aux  resultats  reels.  Les 
constantes  de  proportionnalite  ont  ete  determinees  en 
correlant  les  resultats  de  notre  simulation  a  ceux  de 
1 ' experimentation  COMET  ([3],  [4],  [5])  de  fagon  a  obtenir 
des  moyennes  annuelles. 


La  variation  avec  la  distance  de  la  duree  d'ouverture  moyenne 
du  canal  do  (cf  figure  3)  a  ete  calculee  pour  des  liaisons 
realisees  avec  deux  antennes  Yagi  de  cinq  elements  (Gg  = 
Gr  =  10  dBi)  placees  a  des  hauteurs  optimales  au-dessus  du 
sol.  Les  resultats  obtenus  pour  Pg  =  1  KW  et  f  =  40  MHz, 
sont  semblables  a  ceux  fournis  par  Brown  [6],  qui  a  realise 
une  simulation  qui  prend  en  compte  la  distribution  des 
meteores  en  fonction  du  temps  et  du  lieu  geographique. 

On  a  egalement  calcule  la  duree  d'ouverture  du  canal  pour  les 
liaisons  entre  points  fixes  effectuees  entre  PARIS  et  CHOLET. 
Les  resultats  presentes  dans  les  tableaux  sont  associes  aux 
configurations  decrites  ( figure  4 ) . 
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5  -  PROGRAMME  THEOREME 

Le  programme  finance  principalement  par  1 'Administration  a 
debute  par  1 ' experimentation  du  systeme  THEOREME-FF  qui  se 
decompose  en  trois  phases  : 

-  Phase  1  :  liaison  point  a  point  a  1 ' alternat  entre  deux 

stations  fixes. 

-  Phase  2  :  liaison  par  diffusion  entre  un  site  fixe  et  un 

vehicule  se  deplagant  sur  deux  axes. 

-  Phase  3  :  liaison  par  diffusion  entre  un  site  fixe  et  un 

avion  survolant  I'Atlantique  (en  cours  d’ expe¬ 
rimentation)  . 

La  phase  1  a  debute  fin  novembre  87  et  s'est  terminee  fin 
fevrier  88.  Les  aeriens  utilises  etaient  des  antennes  du 
type  YAGI  k  5  elements  (gain  de  9,5  dB/iso)  montees  a 
17m.  La  puissance  emise  a  la  station  de  CHOLET  (pres  de 
Nantes)  et  a  la  station  de  Cormeilles-en-Vexin  (pres  de 
Paris)  etait  de  lkW.  La  distance  de  la  liaison  est 
d' environ  350  km.  La  liaison  a  ete  realises  a  une  frequence 
proche  de  42  MHz. 


RESULTATS  SIMULATION  THEOREME  Phase  1 


P;iriiin5lfCS  :  -  Frequence  42  MHz 

-  Distance  dc  liaison  320  km 

-  Factcurdc  bruit  durdccptcur  8  <ll) 

•  l:/N0  6  dU 

-  Ryilmic  binairc  16  kbit/s 

-  Bruit  galactiquc 


Liaisons  Yagi-Yatti 


Puissance  (W) 

1000 

5W 

200 

100 

da  (%) 

0,6 

0,4 

0,23 

0,15 

tm  (ms) 

97 

97 

97 

97 

§111  (s) 

20 

30 

50 

80 

Liaisons  Dipoles  croises  -  Ynei 


S 


,S_ 


7777777" 


Puissance  (W) 

1.  (m) 

1.3 

3 

3.9 

2000 

do  (%) 

0.42 

0,56 

0,66 

2000 

tm  0»S) 

87 

83 

80 

2000 

8m  (s) 

26,5 

19 

15,5 

1000 

d0(%) 

0,28 

0,37 

0,44 

1000 

tm  (ms) 

87 

83 

80 

1000 

5m  (s) 

40 

29 

23,5 

Figure  4 


L'objectif  de  la  phase  1  etait  d'estimer  les  potentialites 
du  systeme  de  communication  via  les  meteores  et  de 
caracteriser  partiellement  le  canal  pour  des  distances 
courtes . 

La  phase  2  a  debute  en  mars  88  et  s'est  terminee  fin  mai 
88.  Les  antennes  utilisees  a  1' emission  (site  de  CHOLET) 
etaient  des  dipoles  croises  horizontaux  ou  des  antennes  de 
type  YAGI  5  elements  en  polarisation  horizontale  ou 
verticale.  La  puissance  emise  etait  de  2  kW.  En  reception 
le  vehicule  6tait  equipe  d' antennes  de  types  cadres  croises 
sous  un  radome  et  d'un  fouet. 

Le  vehicule  s'est  deplace  sur  deux  axes  : 

-  axe  1  :  CHOLET-TOULON 

-  axe  2  :  CHOLET-STRASBOURG 

Les  liaisons  or.t  ete  realisees  a  des  frequences  proches  de 
42  MHz  et  de  70  MHz. 

L'objectif  de  la  phase  2  etait  de  determiner  la  zone  de 
couverture  d'un  systeme  de  diffusion  omnidirectionnel  et 
d'etudier  les  variations  de  performances  en  fonction  de  la 
distance. 


DESCRIPTION  DE  LA  MAQUETTE  THEOREME-FF 

Les  synoptiques  du  systeme  THEOREME  phase  1  et  2  sont 
donnes  a  la  figure  5. 


L'antenne  de  type  YAGI  est  connectee  a  un  amplificateur 
VHF  de  lkW  et  a  un  dispositif  de  commutation  de  puissance 
permettant  de  realiser  1'alternat  Emission/Reception  en 
moins  de  3ms.  Cet  amplificateur  est  excite  par  un 
Emetteur/Recepteur  TRC  950  utilise  en  Frequence-Fixe  entre 
40  et  43  MHz.  La  sensibilite  du  poste  est  de  -113  dBm  pour 
un  facteur  de  bruit  de  8  dB.  La  modulation  est  de  type  FSK 
et  le  rythme  de  modulation  de  16  kbits/s. 


Un  logiciel  d' application  "MODEM  950"  implements  dans 
1 'Emettreur/Recepteur,  permet  de  detecter  une  trainee 
meteorique,  de  realiser  les  synchronisations  et  la  gestion 
des  conflits  d'acces.  Ce  logiciel  realise  le  niveau  1  de 
la  liaison  (couche  ISO). 

L ' Emetteur/Recepteur  est  en  liaison  avec  un  Terminal 
Tactique  TRC  747  equipe  d'un  microprocesseur  8088  16  bits, 
comprenant  un  logiciel  "MET”  realisant  le  codage  et  le 
decodage  des  informations,  la  procedure  de  transmission  par 
acquittement.  Ce  logiciel  realise  le  niveau  2  de  la 
liaison. 

Le  Terminal  Tactique  est  en  liaison  avec  un  calculateur 
compatible  PC  equipe  d'un  logiciel  realisant  la  gestion  des 
messages  emis  ou  regus,  le  depouillement  en  temps  reel 
permettant  d'afficher  des  indicateurs  de  mesures  de  qualite 
sur  le  canal,  la  synchronisation  des  stations  pour  la 
realisation  automatique  d' experimentation  24h/24. 

Pour  la  phase  2  la  station  fixe  est  emettrice  et  la  station 
mobile  est  simplement  recep trice. 

La  station  fixe  est  equipe  d’une  antenne  dipole  croise 
fonctionnant  a  40  et  70  MHz .  Cette  antenne  a  un  gain  de  6 
dB/iso.  L'antenne  YAGI  a  aussi  ete  utilisee.  L’antenne  est 
connectee  a  deux  amplificateurs  1  kW  couples.  La  structure 
des  stations  a  bas  niveau  est  identique  a  celle  de  la  phase 
1.  Seuls  les  logiciels  sont  differents  et  permettent  la 
diffusion. 

La  station  mobile  est  equipee  d'une  antenne  constitute  de 
deux  cadres  croises  (gain  de  -6  dB/iso),  d'un  fouet  (gain 
de  -1  dB/iso'.  De  plus  un  preamplificateur  15  dB  de  gain  et 
3  dB  de  facteur  de  bruit  a  ete  utilise. 

Le  systeme  permet  de  realiser  3  types  de  mesures  : 

Ce  test  effectue  la  mesure  de 
l'ouverture  et  de  la  fermeture  du 
canal  ce  qui  permet  d'en  deduire 
la  duree  du  service. 


Test  canal 
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-  Test  taux  d'erreur  :  Ce  test  effectue  la  mesure  des 

taux  d'erreurs  moyens  sur  les 
trainees  et  1' evolution  de  ce  taux 
sur  la  duree  de  vie  de  la  trainee. 

-  Test  systeme  :  Ce  test  realise  des  mesures  de 

debits,  de  temps  d' acheminement, 
de  taux  d'erreurs  caracteres, 
d'efficacite  de  la  procedure, 
etc _ 

La  procedure  point  a  point  de  la  phase  1  fonctionne  de  la 
maniere  suivante  ( cf  figure  6 ) . 

La  station  A  veut  emettre  un  message  vers  la  station  B. 
Apres  1 ' introduction  du  message  dans  le  calculateur  A, 
celui-ci  est  tranmis  au  Terminal  Tactique.  Le  TRC  747 
decoupe  le  message  en  blocs,  et  les  code  par  I'interme- 
diaire  d'un  module  Reed  Solomon  RS  (23,13).  La  station  A 
emet  ensuite,  un  symbole  DPE  (demande  Pour  Emettre).  Quand 
le  canal  est  ouvert  la  station  B  regoit  le  symbole  DPE.  Le 
TRC  950  B  emet  alors  un  symbole  PIL  (Pilote)  permettant 
d'indiquer  au  TRC  950  A  que  le  canal  est  ouvert. 

A  la  reception  du  PIL,  1 1 Emetteur/Recepteur  de  la  station 
A  emet  un  symbole  MESS  (Message)  de  synchronisation  et  le 
message. 

Si  le  canal  est  toujours  ouvert  le  TRC  950  B  regoit  le 
symbole  de  synchronisation  MESS  qui  lui  permet  d' identifier 
les  donnees.  Le  Terminal  Tactique  B  identifie  les  blocs  par 
l'entete,  les  decode  et  garde  en  memoire  les  blocs 
corrects.  Pour  les  blocs  incorrects,  le  TRC  747  B  realise 
un  message  d' acquittement.  Cet  acquittement  est  envoye  de 
la  meme  maniere  qu'un  message.  L' operation  est  repete 
jusqu&  ce  que  le  message  soit  entierement  transmis  et  regu. 
Durant  tout  le  deroulement  de  la  procedure,  les  evenements 
DPE-Emis  Station  A,  DPE-Regu  station  B,  ACK  [B^, 
B2/ • • •  bn3  <■  etc...  sont  enregistres  avec  leurs  dates  a 
3  ms  pres. 


Figure  5 
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PROCEDURE  AVEC  SYNCHRONISATION  PAR  DPE 


Figure  6 
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Expo  :  2004  Seq  :  4  Rep  : 


4  <9  EXPERIMENTATION  N'OOIZ 


F1C1IIERS  747  EV  950  SYNCHRONISES 


1 

Alt  B 

2 

DPE  A 

”  78  ns 

5 

Pll  0 

270  ns 

8 

FAlt  B 

33  ns  " 

11 

DetaF.  A 

M0S3_A 

“ 

BSS^ns 

14 

AckE_A 

Alt  A 

“  627  C3 

17 

DPE_B 

42  ns 

20 

Pil  A 

30  ns 

23 

Fait  A 

33  ns 

26 

M0SS_8 

78~ns 

29 

Alt  B 

125  ns 

32 

DP£_A 

70  ns 

35 

Pll_8 

30  ns 

38 

FAlt  8 
33  ns  ~ 

41 

NAckft  A 

Moss  A 

— 

129“ns 

44 

Ack£_A 

Alt  A 

132  ns 

47 

0PE_B 

33  no  "* 

50 

Pil_A 

30  ns 

53 

FAl t_A 

33  ns 

56 

Hoss^B 

QUXDR_8 
NAckE  B 


AckR  B 


am jscjj: _ i 

n*c  cc  icst  iixAfismssiOfi 

ACTION  CC  IA  5JAII0N  Ai  EMISSION 
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Figure  9 


La  procedure  de  diffusion  phase  2  fonctionne  de  la  maniere 
suivante  ( cf  figure  7 ) . 

La  station  A  veut  diffuser  un  message  vers  la  station  B. 
L'operateur  entre  le  message  dans  le  calculateur  qui  le 
transmet  au  Terminal  Tactique.  Le  TRC  747  A  decoupe  le 
message  en  paquet  et  les  paquets  en  blocs.  Chaque  paquet 
contient  un  groupe  de  blocs  et  une  ent§te. 

Les  paquets  sont  emis  cycliquement  avec  une  synchronisation 
MESS  fournie  par  le  TRC  950  A.  Lorsque  le  canal  est  ouvert 
la  station  B  reqoit  le  symbole  MESS  et  1' entete  du  paquet 
donnant  les  blocs  le  constituant  est  decode. 

Lorsque  tous  les  paquets  sont  reconstitues  et  sont  remis 
dans  l'ordre,  le  message  est  alors  affiche  sur  la  console 
du  calculateur  de  la  station  B. 

Les  procedures  decrites  ci-dessus  correspondent  a  la 
transmission  manuelle  de  message  utilisees  pour  les 
demonstrations . 

Le  test  canal  est  realise  par  1' envoi  d'une  entete  sans 
bloc  message.  Le  test  taux  d'erreur  bit  est  realise  par 
l'envoie  d'une  entete  et  d'un  message  de  900  caracteres  ne 
passant  pas  par  les  modules  de  codage  et  de  decodage.  Le 
test  systeme  utilise  la  transmission  de  message,  par 
1' intermediate  d'un  sequenceur  automatique. 


Un  exemple  de  fichier  d ' experimentation  de  TRC  950,  de  TRC 
747  et  de  TRC  950/TRC  747  synchronise  est  donne  a  la 
figure  8. 

La  precision  des  mesures  de  temps  d'ouverture  et  de 
fermeture  est  de  +  10%  et  celle  sur  le  temps  d ' acheminement 
du  message  est  de  +  100  ms. 

Des  etudes  theoriques  sont  et  ont  ete  menees  parallelement 
aux  differentes  experimentatipns.  Ces  etudes  sont  de  nature 
k  caracteriser  le  canal  meteorique  et  a  determiner  les 
performances  de  systemes  de  communication  militaires  ou 

civils  en  etudiant  et  optimisant  les  procedures  de 
transmission . 


DEROULEMENT  DES  EXPERIMENTATIONS  REALISEES 

Le  projet  THEOREME-FF  a  permis  de  realiser  la  couverture 
representee  sur  la  carte  de  France  de  la  figure  10. 

Dans  cet  article,  il  est  surtout  decrit  les  resultats  de  la 
phase  1  et  quelques  resultats  de  la  phase  2. 

La  phase  1  a  ete  decomposee  en  deux  sous-phases  : 

-  sous-phase  1.1  :  essais  a  lkW  et  200W 

-  sous-phase  1.2  :  essais  a  100W,  50W  et  30W 

Plus  de  500  heures  d' enregistrements  ont  ete  effectuees  en 
3  mois,  represent ant  40  MO  de  donnees  brutes. 

Des  sequences  de  tests  ont  ete  realisees  a  toutes  les 
heures  du  jour  et  de  la  nuit  comprenant  environ  10  a  20  mn 
de  test  canal,  10  a  20  mn  de  test  taux  d'erreur,  et  20  a  40 
mn  de  test  systeme  (cf  figure  11). 

La  phase  2  a  ete  realisee  sur  deux  axes  representant  la 
couverture  suivante  : 

-  axe  1  :  CH0LET-T0UL0N.  Les  distances  entre  la  station 

fixe  et  la  station  mobile  etaient  de  105,  210, 

355,  580  et  680  km. 

-  axe  2  :  CH0LET-STRASB0URG.  Les  distances  entre  la  station 

fixe  et  la  station  mobile  etaient  de  225,  520  et 
650  km. 

Les  puissances  d' emissions  experimentees  ont  ete  2  kW,  1 
kW,  500W  et  200W. 

Des  exemples  de  sequences  d ' experimentation  sont  donnees  a 
la  figure  9. 


33-13 


Sur  une  tranche  dc  durde  coyenne  da  IhOO,  lea  tests  sont  affaeutds  de 
la  nanlere  reprdsentee  par  la  figure  cl-apres  : 


TEST 

SYSTEMS 


Figure  11 


Figure  10 


8  -  RESULTATS  OBTENUS  ET  INTERPRETATION 


Une  synthdse  des  resultats  de  la  phase  1  est  presente  ci- 
apres,  les  courbes  et  les  tableaux  de  references  sont  les 
figures  12  et  13. 

La  duree  moyenne  d'ouverture  du  canal  est  de  400ms  pour 
lkW,  de  330ms  pour  200W  et  de  350ms  pour  100W.  Cette 
valeur  moyenne  ne  depend  pas  de  la  puissance  d' emission. 


La  duree  moyenne  de  fermeture  du  canal  est  de  700ms  pour 
IkW,  de  800ms  pour  200W,  et  de  43s  pour  100W. 

La  duree  de  service  varie  done  de  36%  pour  IkW  a  29%  pour 
200W  et  a  0,8%  pour  10017. 

Les  ecarts  types  sur  les  durees  d'ouverture  et  de 
fermeture  du  canal  sont  tres  importants,  la  stability  du 
canal  est  obtenue  sur  1  heure  environ,  et  I’ecart  type  est 
alors  du  meme  ordre  de  grandeur  gue  la  valeur  moyenne  (cf 
Figure  16). 


L'activite  est  a  peu  pres  stable  sur  24  heures  ;  on 
n' observe  pas  d' heures  defavorables  vers  18h  et  favorables 
vers  6  heures  (Figure  15  et  Figure  16)  (cf  resultats  des 
experimentations  COMET ) . 

La  procedure  point  a  point  adoptee  est  bien  adaptee  au 
puissances  de  IkW  a  100W.  A  50W  de  nombreux  echanges  sont 
effectues,  degradant  ainsi  les  performances  du  systeme  (cf 
Figure  17). 

Les  debits  obtenus  pour  des  messages  de  250  caracteres  sont 
de  158  caracteres  utiles/seconde  pour  IkW,  116  car/s  pour 
200V/,  13  car/s  pour  100W  et  de  1  car/s  pour  50V/.  Ce  debit 
est  maximal  pour  le  message  de  500  caracteres  ( 185  car/s 
pour  IkW).  Les  valeurs  obtenues  deviennent  stables  en 
moyennant  les  resultats  releves  sur  une  duree  superieure  a 
15mn. 

La  marge  en  puissance  du  systeme  par  rapport  a  IkW  pour  un 
fonctionnement  fiable  est  d' environ  10  dB. 

Les  experimentations  de  la  phase  2  ont  permis  de  realiser 
des  liaisons  sur  des  distances  de  100  a  700  km  (cf  Figure 
18). 


Figure  12 
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*  Taillo  du  ceooogo  •  500  coract6ros 

Sena  do  la  cossunication  A — >8  B — >A  A<-->8 
Pulssanco  •  1000  H  «■->  187  NS  187 

Puissance  •  200  W  --*>  122  NS  122 

*  Taillo  du  =os3ago  •  250  carectoroa 

Sona  do  la  cossunication  A — >8  B-->A  A<-->8 
Puissance  ■  1000  W  ■»••>  164  145  158 

Pulssanco  *  700  W  -•■>  113  135  116 

*  Taillo  du  oossago  -  100  caractdros 

Sons  do  la  cosaunicatlon  A — >&"  8  —  >A  A<  —  >B 
Pulssanco  •  1000  W  -*•>  84  /  84 

Puissance  *•  200  W  ■-•>  NS  NS  63 
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Figure  17 


L'activite  et  le  debit  moyen  sont  maxima  pour  les  courtes 
distances  (100  a  250km),  puis  diminuent  pour  les  distances 
moyennes  (250  a  600km)  et  reaugmentent  pour  les  longues 
distances  (a  partir  de  600km). 

Aucune  difference  sensible  n'a  pu  etre  constatee  entre  les 
deux  axes  CHOLET-TOULON  et  CHOLET-STRASBOURG. 

Les  essais  en  fonction  de  la  frequence  permettent  de  montrer 
que  la  duree  des  trainees  meteoriques  diminue  alors  que  le 
temps  entre  deux  trainees  augmente,  lorsque  la  frequence 
passe  de  42  a  69  MHz. 

Ces  experimentations  montrent  une  certaine  incompatibilite 
entre  les  resultats  de  THEOREME  d'une  part  et  les  simulations 
realisees  et  les  resultats  COMET  d' autre  part.  En  effet  les 
resultats  obtenus  en  phase  1  et  dans  une  moindre  mesure  en 
phase  2  sont  tres  superieur  a  ceux  attendus.  Les  differences 
identifiees,  sont  les  suivantes  : 

-  durees  de  fermeture  experimentales  tres  inferieures  aux 
durees  estimees  par  les  simulations  pour  des  liaisons  de 
100  a  350  km, 

-  duree  d'ouverture  du  canal  dependant  tres  peu  de  la 
distance  (100  a  700km), 

-  variations  journaliere  non  representatives  des  fluctuations 
diurnes  de  l'activite  meteorique. 

D'  autre  part  des  essais  preliminaires  a  la  phase  2  ont  ete 
realises  entre  les  sites  de  CHOLET  et  de  CORMEILLES  en 
remplagant  l'antenne  emettrice  de  type  VAGI  par  des  dipoles 
croises  alimentes  par  2  k W.  Les  performances  alors  obtenues 
sont  fortement  degradees,  phenomene  non  explique  par  la 
simulation  realisee. 
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Courbe  1  :  temps  entre  deux  trainees 
Courbe  2  :  duree  de  la  trainee 


Figure  18 


9  -  CONCLUSION 


Les  differences  entre  les  resultats  experimentaux  et  les 
simulations  realisees  ne  sont  pas  a  ce  jour  expliquees.  Les 
grands  ecarts  obtenus  avec  la  configuration  de  la  phase  1 
entre  les  experimentations  et  la  simulation  ne  peuvent  a 
priori  etre  compris  que  par  la  presence  simultanee  d'un 
autre  mecanisme  de  propagation.  La  hauteur  des  antennes  au- 
dessus  du  sol,  choisie  de  maniere  a  pouvoir  realiser  des 
liaisons  jusqu'a  1000  km,  permet  d'obtenir  des  gains 
notables  aux  angles  de  tir  faibles.  Cet  element  favorise 
les  liaisons  les  liaisons  par  diffusion  tropospherique. 


theoriquement  possibles  pour  les  distances  etudiees  avec 
une  faible  duree  de  service  satisfaisant,  et  dont 
1 ' exploitation  est  possible  avec  des  procedures  specif iques 
utilisees  pour  le  canal  meteorique-  Cette  hypothese  reste 
cependant  a  confirmer  et  un  travail  important  devra  done 
etre  effectue  afin  de  discerner  les  contributions 
respectives  du  canal  meteorique  et  d'autres  mecanismes  de 
propagation  aux  parametres  physiques  mesures. 

En  particulier,  la  variation  de  la  duree  moyenne 
d'ouverture  du  canal  avec  la  distance  de  liaison  devra  etre 
etudiee  specifiquement  car  elle  determinera  le  choix  des 
procedures  (temps  de  synchronisation,  .  ..). 

L 'Administration  frangaise  et  THOMSON-CSF  a  la  suite  des 
demonstrations  effectuees  et  des  resultats  obtenus  ont 
decide  de  poursuivre  les  etudes  et  les  experimentations  sur 
ce  canal,  qui  apparait  d'ors  et  deja  comme  interessant  pour 
la  transmission  de  donnees  en  VHF  aux  courtes  et  moyennes 
distances  (100  a  1000  km),  dans  le  but  de  definir  des 
systemes  operationnels . 
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ABSTRACT 


In  the  traditional  approach  of  assessing  system  impact  due  to  propagation 
anomalies,  the  primarily  effort  is  on  the  characterization  of  a  propagation  channel 
to  the  maximum  extent  possible.  In  such  an  approach,  environmental  parameters 
(which  affect  the  channel  transfer  function)  and  the  system  parameters  (which 
dictate  the  system  performance)  are  largely  uncoupled.  For  instance,  the  transfer 
function  for  an  ionospheric  scintillation  channel  is  characterized  by  ionospheric 
irregularity  parameters,  irrespect  of  whether  the  communications  system  is  digital 
or  analog,  with  or  without  inter-leave/coding,  in  the  presence  or  absence  of 
diversity.  From  assessing  the  system  impact's  viewpoint,  the  lack  of  coupling  is 
acceptable  to  the  conventional  analog  system  (an  8dB  propagation  degradation  implies 

an  8dB  reduction  of  S/N  irrespect  of  whether  the  system  is  AM  or  FM,  single  side 
band  or  double  side  band),  but  is  not  acceptable  to  the  modern  digital  system  (an 
8dB  propagation  degradation  can  imply  10-3  BER  for  a  QPSK  system  without  coding  but 
can  also  imply  10~°  BFR  for  the  same  system  witn  coding  and  interleave). 

In  this  paper,  system  factors  to  be  considered  in  the  assessment  of  propagation 
effects  are  outlined.  The  essence  is  to  point  out,  for  modern  digital  satellite 
communications  systems,  propagation  assessment  has  to  have  proper  system  reference 
in  order  to  provide  readily  useful  conclusions  for  system  engineers. 


I .  Introduction 

The  ultimate  objective  of  communications  system  engineering  is  on  the  efficien¬ 
cy  and  reliability  of  message  delivery  via  a  realizable  means  of  transmission  mode. 
The  basic  nature  of  message  can  be  divided  into  two  categories:  Continuous  and 
discrete.  Examples  of  continuous  message  include  voice,  temperature,  movie,  etc. 
Examples  of  discrete  message  include  alphabetical  symbols  in  language,  population 
counts,  sport  scores,  etc.  The  message,  Irrespect  of  whether  it  is  continuous  or 
discrete,  can  be  transmitted  in  two  ways,  either  by  the  conventional  analog  communi¬ 
cation  or  by  the  modern  digital  communication. 

In  either  way  of  communications,  one  can  talk  about  efficiency  and  reliability 
according  to  it  unique  engineering  criteria.  An  apple-to-apple  comparison  of  effi¬ 
ciency  and  reliability  between  analog  and  digital  communications  is  not  always 
appropriate.  Generally  speaking,  digital  communications  offer  much  better  control 
of  signal  transmission  and  detection,  thus  provide  superior  signal  quality,  link 
stability  and  network  versatility  in  multi-layer  hierarchical  structures.  These 
advantages  are  known  for  many  years.  The  fact  that  conventional  communication  sys¬ 
tems,  up  to  most  recently,  have  primarily  been  analog  systems  is  largely  due  to 
technology  limitations,  particularly  in  A/D  and  D/A  conversion,  high  speed  circuits, 
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precision  timing  and  synchronization  devices,  memory  capacity,  software  engineering 
methodology,  etc.  With  the  drastic  advancement  of  electronics  and  microprocessors, 
technology  limitations  are  being  overcome  rapidly  in  recent  years.  The  modern  trend 
is  definitely  toward  digital  communications. 

The  categorization  of  a  communications  system  into  either  a  digital  or  an 
analog  system  is  largely  based  on  configurations  at  baseband  or  IF  level.  The  two 
types  of  systems  remain  basically  the  same  at  RF  carrier  level.  Since  propagation 
degradations  affect  the  RF  carrier  of  the  signal  as  a  whole,  with  no  prejudice  what¬ 
soever  on  the  specific  content  of  the  signal,  the  traditional  view  is  that  propaga¬ 
tion  is  propagation,  regardless  of  its  baseband  or  IF  composition. 

This  traditional  view  is  correct  for  the  conventional  analog  communications 
system.  Under  this  view,  electromagnetic  wave  propagationists  and  communications 
system  engineers  are  largely  decoupled  in  the  sense  that  one  group  can  go  on  with 
its  business  without  paying  much  attention  to  the  other.  Even  to  this  date,  the 
majority  of  propagationists  in  studying  propagation  degradations,  concern  idealistic 
TEM  plane  wave  only,  and  rarely  address  the  signal-to-noise-ratio  (S/N),  a  fundamen¬ 
tal  parameter  of  analog  system  engineering.  On  the  other  side,  system  engineers  in 
overwhelming  cases  treat  propagation  degradations  the  same  way  as  noise,  quoting 
applicable  dB  values  and  statistics  (such  as  Rayleigh  fading  statistics)  from  the 
propagation  papers  without  paying  much  attention  to  propagation  physics,  such  as 
Brewster  angle  for  low  angle  transmission,  scintillation  (S^)  index  for  ionospheric 
scintillation,  etc. 

In  this  paper,  we  intent  to  show  that  the  above  view  is  no  longer  applicable 
for  digital  communications  system  engineering.  In  order  to  make  their  studies  rele¬ 
vant  to  real  world  communications  system  applications,  propagationists  must  realize 
that  their  work  is  not  an  isolated  topic,  but  a  part  of  the  integrated  study  in 
system  engineering.  This  is  particularly  true  in  the  aspect  of  system  optimization. 
Since  propagation  anomalies  represent  the  ultimate  limiting  factors  of  system  per¬ 
formance,  and  new  adaptive  schemes  to  exploit  propagation  characteristics  and  to 
combat  propagation  effects  are  being  postulated  alone  the  line  of  technology  advan¬ 
ces,  the  system  optimization  can  only  be  performed  by  a  trade-off  process  involving 
both  propagation  and  system  considerations. 

II.  Analog  Communications 

II. 1  Basic  Nature  -  Fidelity  in  Terms  of  S/N 

Knowing  that  received  signal  can  never  be  precisely  the  same  as  the  transmitted 
signal,  analog  communications  system  engineering  concerns  the  fidelity  of  reproduc¬ 
tion  of  the  original  message.  Since  message  is  always  distorted  by  the  noise  in  the 
process  of  transmission,  the  fidelity  means  the  ability  for  a  listener  to  interpret 
the  message,  or  for  a  detector  to  derive  the  message,  in  the  presence  of  noise.  The 
interpretability,  and/or  detectability  are  inversely  proportional  to  the  existence 
of  amount  of  noise  relative  to  the  signal.  Hence,  signal-to-noise  ratio  (S/N)  is 
the  figure  of  merit  of  the  communications  system. 

A  typical  block  diagram  is  shown  in  figure  1,  where  m(t)  is  the  original 


Propagation  Anomaly 


noise — n(t) 


Figure  1  Analog  transmission  through  a  medium  -  Propagationists  take  a  parametric 
approach  that  a  plane  wave  penetrating  a  single,  well-defined  anomaly.  System 
engineers  treat  the  effect  of  the  medoium  as  additive  noise  which  downgrades  S/N. 
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signal,  m'(t)  is  the  reproduced  signal,  and  noise  is  represented  by  n(t).  The  S/N 
is  represented  by 

E[m2(t)] 

S/n  - - -  (1) 

E[m(t)  -  m' (t)]2 

where  E[.]  stands  for  ensemble  averaged  value.  In  analog  communications,  the  mes¬ 
sage  is  modulated  continuously  in  either  amplitude  (AM),  frequency  (FM)  or  phase 
(PM)  of  the  carrier  prior  to  transmission.  The  S/N  can  be  improved  in  two  ways, 
either  by  an  increase  of  transmitted  signal  power  or  by  a  increase  of  bandwidth.  In 
either  way,  there  are  practical  limits.  Power  can  not  be  increased  beyond  the  level 
of  system  saturation,  intermodulation  and  interference.  On  the  other  hand,  band¬ 
width  can  not  be  expanded  without  limit  because  of  the  undesirable  effect  of  noise 
increase,  as  noise  is  generally  assumed  to  be  white  in  nature.  To  maintain  a  re¬ 
quired  performance,  the  system  engineer  must  trade  between  power  and  bandwidth.  For 
the  case  of  angle-modulation  (FM  or  PM),  where  the  modulated  RF  signal  bandwidth  is 
significantly  enhanced  from  the  baseband  message  bandwidth,  the  reduction  in  trans¬ 
mitted  power  can  be  offset  by  an  increase  in  the  (mean-square)  bandwidth  by  the  same 
factor,  or  vice  versa.  The  S/N  at  the  receiver  improves  at  least  as  the  square  of 
the  modulated  bandwidth. 

One  of  the  basic  property  of  system  engineering  is  that  noise  produced  from 
different  sources  in  an  RF  transmission  channel  is  additive.  That  is,  if  one  single 
noise  source  in  the  channel  results  an  S/N  of  40  dB  at  the  receiver,  two  identical 
but  independent  noise  source  simultaneously  in  presence  in  the  channel  would  result 
an  S/N  of  37  dB.  As  an  extension  of  the  additive  nature,  noises  in  multiple  hops 
produce  cascade  effects.  For  example,  the  noise  generated  in  a  two-hop  LOS  (line  of 
sight)  microwave  link  of  80  km  would  yield  a  3-dB  worsening  of  S/N  at  the  last  re¬ 
ceiver  than  that  of  the  single  hop  link  of  40  km.  Therefore,  in  order  to  maintain 
the  overall  S/N  of  an  n-hop  LOS  system,  the  required  S/N  per  each  single  hop  has  to 
increase  in  proportional  to  n. 

11. 2  Propagation  Effects  -  Indiscriminative  to  System  Configuration 

Propagation  anomalies  manifest  themselves  in  a  number  of  ways,  including  ab¬ 
sorption,  reflection,  diffraction  and  scattering  of  waves,  resulting  attenuation, 
depolarization,  angle  of  arrival  change,  phase  and  group  delay,  scintillation,  etc. 
of  the  original  signal.  It  Is  true  that  propagation  anomalies  impact  on  different 
types  of  analog  modulations  differently.  For  instance  the  multipath  selective  fading 
effect  is  much  more  disastrous  on  AM  than  SSB-SC  (AM-Single  Sideband  Suppress  Car¬ 
rier),  due  to  the  fact  that  the  carrier  and  sidebands  undergo  different  amount  of 
random  phase  fluctuation.  But  in  terms  of  S/N,  these  discriminative  effects  are  not 
most  critical.  The  reason  is  that  as  a  matter  of  practical  consideration,  the  modu¬ 
lated  bandwidth  of  signal  transmission  through  the  medium  is  always  relatively  smal¬ 
ler  than  the  coherent  bandwidth  of  the  propagation  medium.  As  such,  the  signal  will 
remain  coherent,  the  first  order  propagation  effect  is  the  attenuation  of  the  RF 
carrier.  Consequently,  propagation  degradation  is  no  more  than  the  reduction  of 
S/N,  similar  to. the  effect  of  noise  temperature  increase.  The  additive  and/or  the 
cascade  nature  of  S/N  mentioned  earlier  still  apply.  Thus,  a  3  dB  propagation  at¬ 
tenuation  would  result  a  3  dB  reduction  of  S/N  at  the  receiver.  If,  there  is  an 
additional  2  dB  attenuation,  caused  either  by  the  same  type  or  different  type  of 
propagation  anomalies  in  the  channel,  this  would  result  a  total  of  5  dB  reduction  of 
S/N.  For  a  multi-hop  system,  attenuation  add  up  linearly  toward  the  reduction  of 
S/N  at  the  final  receiver.  All  these  are  indiscriminative  to  the  system 
configuration. 

11. 3  Decoupling  Between  Propagation  and  System  Engineering 

The  above  discussion  suggests  that  the  linkage  between  EM  wave  propagationists 
and  system  engineers  is  at  most  a  weak  one.  An  illustration  is  provided  in  Figure 
2.  In  the  figure,  the  line  separating  propagationist  and  communication  engineer  is 
clear,  A  propagationist  does  not  have  to  know  the  system.  He  provides  propagation 
effect  statement  as  an  independent  piece  of  work  without  being  constrained  by  a 
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Implementation 


Figure  2  Analog  system  design  block  diagram  -  The  separation  of  propagation  study 
and  communications  system  engineering  is  a  clear  one. 


specific  system  configuration.  The  system  engineer,  in  turn,  takes  the  degradation 
statement  and  performs  the  entire  system  trade-off  without  ever  having  to  go  back  to 
the  propagationist. 

XII.  Digital  Communications 

III.l  Basic  Nature  -  Bit  Rate  and  Bit  Error  Rate 

In  contrast  to  the  case  of  analog  communications  where  the  signal  waveforms 
S(t)  can  be  infinite  in  spatial  and  temporal  variations,  waveforms  in  digital  com¬ 
munications  are  finite.  In  the  most  fundamental  case,  the  waveform  is  a  well  known 
form  of  a  simple  square  wave  (either  RZ,  NRZ  or  Manchester  form)  representing  a  bit, 
either  1  or  0.  As  such,  the  objective  of  the  receiver  is  not  to  reproduce  the  wave¬ 
form  with  fidelity  because  the  waveform  is  known  a  priori  and  the  detail  shape  of 
waveforms  do  not  carry  any  useful  message  any  way.  Rather,  the  receiver's  objective 
is  to  determine  the  correct  bit,  either  1  or  0,  that  was  transmitted.  Since  the 
presence  of  bits  conveys  the  information,  more  information  can  be  conveyed  by  trans¬ 
mitting  more  bits  per  unit  time.  Thus  the  essence  of  digital  communication  is  to 
transmit  and  recover  maximal  amount  of  bits  with  least  number  of  bit  errors  at  the 
receiver.  The  two  important  parameters  therefore  are  bit  rate  R  and  bit  error  rate 
BER. 
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A  general  representation  of  digital  communications  is  given  in  Figure  3,  where 
we  consider  M-ary  signal  waveforms.  That  is,  there  are  M  digital  symbols  messages 
m^,  m2,  _ mM  to  be  transmitted.  Each  of  the  symbol  is  well  known  by  their  respec¬ 
tive  waveform  representation  S^(t),  S2<t)  • —  at  RF.  Just  as  the  case  for 
analog  communications,  these  bits  or  waveform  are  corrupted  by  propagation  effects, 
the  received  signal  at  the  front  end  of  the  receiver  is  s’(t). 

At  this  point,  we  may  face  an  argument  that  digital  communication  is  no  more 
different  from  analog  communication  in  the  sense  that  both  R  and  BER  are  functions 
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Figure  3  Digital  transmission  -  Signal  waveforms  are  finite  and  known  a  priori. 
Receiver  concerns  primarily  the  determination  of  the  kind  of  waveform  being  sent. 
Propagation  effects  which  deforms  the  waveform  is  not  significant  as  long  as  the 
correct  determination  can  still  be  made. 


of  transmission  power  and  bandwidth,  and  hence  the  essence  of  system  design  is  again 
a  trade-off  between  power  and  bandwidth  using  S/N  as  the  figure  of  merit.  In  deed, 
this  is  precisely  the  point  of  Shannon's  theorem  which  stated  that  the  channel  capa¬ 
city  C,  i.e.,  the  maximum  allowable  R  at  a  desirably  low  BER,  is  given  by 

C  =  B  log2  (1  +  S/N)  (2) 

According  to  the  theorem,  the  throughput  of  the  channel,  P,  defined  by  R/B,  is  given 
by 


P  =  log2  (1  +  S/N)  (3) 

Unfortunately,  Shannon's  theorem  and  hence  equation  (3)  remain  to  be  the  unat¬ 
tainable  ideal  case.  To  illustrate  this,  we  present  figure  4  [1]  where  R  versus  CNR 


Figure  4  Throughput  P  versus  Carrier  to  Noise  Ratio  -  The  log2(l+SNR)  curve  is  the 
Shannan  limit  which  is  unattainable  by  the  current  technology. 

(Carrier-to-noise  ratio,  a  quantity  proportional  to  S/N)  is  plotted  for  a  given  BER 
value  of  10  .  The  point  is  that,  there  is  a  significant  gap  between  the  R  of  the 
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Shannon's  theorem  and  the  R  that  is  technologically  attainable,  as  represented  by 
the  curve  of  (QASK,  64),  in  figure  4. 

It  suffices  to  say,  the  real-world  digital  communications  system  is  more  than  a 
two-way  trade— orf  between  power  and  bandwidth.  First  of  all,  for  given  CNR,  the 
throughput  R  varies  for  different  modulation  techniques.  Secondly,  high  throughput 
is  not  meaningful  unless  the  BER  is  under  control.  If  error-correction  coding  is 
used  for  the  purpose-  of  reducing  BER,  the  additional  redundancy  bits  require  a  wider 
bandwidth  to  carry  throuth,  this  is  directly  contrary  to  desired  throughput  im¬ 
provement.  Throughput  of  course  can  be  drastically  improved  if  the  conventional 
constant  envelop  condition  is  not  required.  If  we  use  M  levels  of  amplitude,  than 
log2M  bits  can  be  coded  onto  each  carrier  burst,  as  we  shown  in  MASK  shown  in  Figure 
4.  Further  enhancement  can  be  made  by  incorporating  phase  divisions.  This  is  in 
deed  the  case  of  modern  codulation  (modulation  plus  coding)  techniques  [2].  The 
necessary  condition  for  such  techniques  is  that  carrier  power  must  be  sufficiently 
high  to  allow  adequate  separation  of  amplitude  and  phase  levels.  All  these  are 
vulnerable  to  propagation  anomalies. 

III. 2  Propagation  Effects  -  Discriminative  to  System  Configuration 

The  digital  communications  concept  is  very  different  from  that  of  the  analog 
communications  in  the  sense  that  while  the  RF  transmission  channel  always  suffers 
propagation  degradations  except  in  the  ideal  case  of  clear  sky  with  no  obstructions/ 
as  long  as  the  transmitted  bits  can  be  eventually  detected  at  the  receiving  end 
correctly,  the  propagation  effects  are  no  effects,  just  as  if  they  are  in  clear  sky 
with  no  obstructions.  In  other  words,  the  severity  of  propagation  degradations  is 
not  purely  a  propagation  statement  as  in  the  case  for  analog  communication,  but  is  a 
relative  statement  depends  on  the  system  configuration. 

Referring  to  Figure  3,  the  transmitted  waveforms  generally  have  the  following 
orthogonal  property: 


J'J  S ^t)  Sj(t)  dt 


0  if  i  =  j 
1  if  i  =  j 


(4) 


where  T  is  the  period  of  a  waveform.  At  the  receiving  end,  signal  detection 
is  by  a  correlation  principle. 


rT+T 

T  Sr(t)Sr(t)dt 


q 


(5) 


where  r  is  the  propagation  delay,  Sr(t)  is  locally  generated  waveform  representing 
either  Sj^t),  S2(t),  ...  or  SM(t),  and  q  is  the  correlation  value.  The  decision 
process  is  basically  to  compare  q  with  a  preset  threshold  value  at  a  comparator  for 
determining  the  correct  waveform  among  m^,  m2,  •••  and  m^.  The  concept  is  illus¬ 
trated  in  Figure  5. 


Figure  5  Digital  signal  detection  -  Using  the  orthogonality  property  among  digital 
waveforms,  the  detection  is  done  based  on  correlation  of  the  incoming  waveform  with 
the  locally  generated  waveform. 
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Based  on  equations  (4)  and  (5),  we  have  the  glimpse  of  propagation  impact  on 
digital  communications  systems.  First,  the  quantity  r  can  not  possibly  be  a  precise 
constant  due  to  atmospheric/ionospheric  propagation  delays,  surface  multipath  trans¬ 
missions,  ductings,  etc.  This  group  delay  effect  can  create  a  problem  for  bit  syn¬ 
chronization,  intersymbol  interference  and  PLL  (Phase  Lock  Loop) tracking.  Random 
phase  dispersion  and  interference  will  damage  the  orthogonality  condition  of  equa¬ 
tion  (4)  which  will  result  errors  in  (5)  for  phase  shift-key  system.  To  say  the 
least,  the  additive  and  cascade  nature  of  propagation  attenuation  as  being  the  domi- 
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Figure  6  Digital  system  design  block  diagram  -  The  systems  impact  assessment 
includes  a  propagation  trade-off  loop.  As  such,  the  separation  between  the 
propagation  study  and  system  engineering  is  no  longer  obvious. 


nant  effect  is  no  longer  true.  For  a  LOS  digital  communications  link,  an  n-hop  sys¬ 
tem  simply  has  its  outage  time  increase  to  a  factor  of  n.  During  the  period  of  non¬ 
outage,  the  link  performance  (in  term  of  BER)  of  the  n-hop  system  does  not  have  any 
noticeable  degradation  as  compared  to  that  of  a  single-hop  link. 

III. 3  Coupling  between  Propagation  and  System  Engineering 

While  propagation  effects  on  an  RF  signal  are  non-discriminative,  the  impact  of 
propagation  effects  in  terms  of  BER  is  discriminative  to  system  configurations. 
Because  of  this,  propagation  studies  and  system  engineering  are  no  longer  decoupled. 
Shown  in  Figure  6,  the  coupling  of  propagation  study  and  system  engineering  is 
illustrated.  In  the  figure,  we  see  that  in  actual  digital  communications  system 
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design,  there  is  a  propagation  trade-off  loop  to  be  dealt  with-  This  is  particular¬ 
ly  true  if  we  intend  to  exploit  and/or  mitigate  the  propagation  environment  for 
optimization  of  the  system  performance. 

IV.  Major  Aspect  of  Propagation  Impact  Trade-Off  Loop 

Since  the  trade-off  loop  as  shown  in  Figure  6  is  system  specific,  it  is  diffi¬ 
cult  to  make  general  statement  regarding  to  its  actual  procedure.  We  nevertheless 
can  provide  an  outline  of  major  aspects  to  be  considered  in  the  loop,  which  we  be¬ 
lieve  is  a  useful  guideline  for  propagation  research  in  the  future. 

IV. 1  Threshold  Cut  Off 

Figure  7  compares  fade  effects  on  AM,  FM  and  digital  radio  [3] .  The  figure 
shows  the  threshold  effect  of  received  signal  level  (RSL')  beyond  which  a  communica¬ 
tion  channel  is  not  useful.  There  is  no  threshold  effect  for  AM.  But  the  threshold 
effect  for  FM  and  digital  radio  is  obvious.  The  important  point  is  that  for  RSL 
higher  than  the  threshold  value,  both  AM  and  FM,  the  channel  performance  improvement 
is  a  gradual  one;  while  for  the  digital  system,  the  performance  jumps  to  its  optimum 
condition  and  stays  flat.  Therefore,  during  normal  propagation  conditions,  the 
digital  system  will  operate  at  a  BER  as  low  as  to  be  inconsequential.  Such  BER 
condition  will  prevail  for  a  long  while  as  propagation  condition  deteriorates  until 
at  a  threshold  level  the  burst  of  BER  and/or  synchronization  problem  make  the  link 
break  down. 
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Figure  7  Fade  effects  on  AM,  FM  and  digital  radio  -  The  digital  system  displays  a 
sudden  cutoff  when  the  received  signal  level  (RSL)  drops  below  a  threshold  value. 

The  system  design  objective  is  obviously  of  pushing  the  threshold  value  as  low 
as  possible  within  the  power  and  bandwidth  at  disposal.  Increasing  the  antenna  size 
and  accurate  tracking  would  be  among  the  first  objectives  to  be  implemented;  diver¬ 
sity  arrangement  will  also  come  into  consideration.  As  a  result,  atmospheric  effects 
that  cause  ducting,  angle  of  arrival  changes  and  multipath  fading  become  critical 
issues  in  the  propagation  trade-off  loop.  These  effects  differ  as  antenna  size, 
height,  diversity  distance,  etc.,  vary. 

IV. 2  Maximum  Limit  of  Bit  Rate 

As  high-speed  switching  electronics  and  computer  software  technology  advance, 
system  engineers  will  continue  their  push  of  higher  bit  rate  transmission.  While 
the  140  Mbit/s  rate  is  the  fastest  for  practical  digital  communications  for  the  pre¬ 
sent  radio  and  microwave  systems,  there  is  no  reason  to  assume  a  rate  that  is  10 
time  higher  can  not  be  achieved  in  5  years.  As  such,  the  coherent  bandwidth  of  the 
medium,  which  has  never  been  a  concern  in  propagation  studies,  become  an  issue. 
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In  designing  future  high-speed  digital  communications  systems  for  trunk  appli¬ 
cations,  it  is  expected  that  propagation  studies  will  involve  a  trade-off  between 
atmospheric/ionospheric  coherent  bandwidth  and  the  transmission  bit  rate.  For  UHF 
to  C  band  satellite  communications  system,  Faraday  rotation  and  its  variations  will 
be  key  factors  to  be  quantized.  For  higher  frequencies,  bandwidth  dispersion  during 
precipitation  and  clear  air  turbulence  events  due  to  refractive-index  irregularities 
with  scale  sizes  comparable  to  Fresnel  size  become  critical. 

IV. 3  Link  Availability 

Prior  to  the  satellite  communications  era.  Global  HF  communications  at  an 
availability  of  50%  of  time  is  considered  as  typical.  Current  link  availability  for 
international  commercial  trunk  satellite  communications  at  99.99%  is  considered  as 
standard.  And  as  computer-to-computer  communications  become  increasingly  important, 
higher  availability  beyond  99.999%  is  required.  As  such,  simultaneous  occurrence  of 
propagation  degradations  of  different  physical  origins,  which  has  rarely  been  ad¬ 
dressed  by  the  propagationists,  become  significant  for  high  availability  communica¬ 
tions  link  assessment. 

As  an  example,  we  cite  a  recent  paper  by  Fang  and  Allnutt  [1987]  studying  the 
simultaneous  occurrence  of  ionospheric  scintillation  and  rain  fading.  Ionospheric 
scintillation  and  rain  fading  are  two  impairments  of  completely  different  physical 
origin.  For  C-band  earth  stations  in  equatorial  regions  at  years  of  high  sunspot 
number,  the  simultaneous  occurrence  may  have  an  annual  percentage  time  that  is  sig¬ 
nificant  to  system  design.  Based  on  the  analysis  of  17-month,  4  GHz  satellite  sig¬ 
nal  data  starting  from  October  1980  at  Djutiluhar  earth  station  in  Indonesia,  the 
cumulative  simultaneous  occurrence  time  was  about  0.06%  annually. 

Furthermore,  Fang  and  Allnutt  reported  that  the  simultaneous  events  have  signa¬ 
tures  that  are  often  vastly  different  from  that  when  only  a  single  impairment,  ei¬ 
ther  scintillation  or  rain  alone,  is  present.  While  ionospheric  scintillation  alone 
is  not  a  depolarization  phenomenon,  and  rain  fading  alone  is  not  a  signal  fluctua¬ 
tion  phenomenon,  the  simultaneous  events  produce  a  significant  amount  of  signal 
fluctuations  in  cross-polarization  channel. 

In  anticipation  of  the  coming  era  of  Integrated  Services  Digital  Network 
(ISDN),  no  communications  engineers  would  doubt  that  satellite  systems  shall  have  a 
role  to  play  in  ISDN,  particularly  in  areas  of  in_rnational/domestic  connections. 
The  question  is,  rather,  on  how  significant  the  role  shall  be,  which  is  solely  de¬ 
pendent  on  the  performance  capability  of  the  satellite  system.  Under  the  current 
ISDN  concept  as  defined  by  CCITT  study  group  XVIII[5],  the  bit-error-rate  (BER) 
allocation  for  a  Fixed  Satellited  Service  (FSS)  transmitting  64  kb/s  digital  mes¬ 
sages  over  a  Hypothetical  Reference  Digital  Path  (HRDP)  can  be  summarized  as 

(1)  BER  <  10”^  for  more  than  98%  of  any  month  in  one  minute  interval, 

(2)  BER  _<  10"3  for  more  than  99.97%  of  any  mouth  in  one  second  interval,  and 

(3)  Error  Free  time  exceeding  98.4%  of  any  month  in  one  second  interval. 

These  allocations  are  extremely  stringent  a  from  satellite  communications  viewpoint. 
Because  of  the  random  behavior  of  the  atmospheric  propagations  channels,  satellite 
systems  may  have  difficulty  in  meeting  these  allocation  requirements  at  a  number  of 
earth  stations. 

To  assess  the  ISDN  implications  on  satellite  systems,  one  has  obviously  to  take 
account  of  all  foreseeable  error-inducing  propagation  mechanisms,  not  being  limited 
by  a  singularly  designated  propagation  anomaly.  This  "taking  account  of  all  fore¬ 
seeable  error-producing  propagation  mechanisms"  is  important.  It  is  a  concept  in 
contrast  to  that  of  conventional  approaches  of  being  "parametric"  in  the  sense  of 
isolating  propagation  mechanisms  as  separate  non-overlapping  mechanisms. 
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IV. 4  Small  Terminal  Considerations 

The  statement  of  high  bit  rate  transmission  beyond  140  Mbit/s  given  in  Section 
IV. 2  and  high  availability  beyond  99.99%  given  in  Section  IV. 3  only  provides  one 
side  for  modern  digital  communications  system.  The  other  side  is  the  low  bit  rate- 
small  antenna-low  power-infrequent  transmission  digital  system,  which  is  also  on  the 
rise.  Two  typical  examples  are  the  VSAT  (Very  Small  Aperture  Terminal)  system  and 
the  MSAT  system,  i.e.,  ultra  small  aperture  terminal  mobile  communications  system. 

For  the  VSAT  system  [6],  the  typical  antenna  size  is  below  2  meter  with  an  SSPA 
of  smaller  than  2  watt  transmitting  BPSK  signals  of  less  than  2400  bit/s  among  a 
burst  rate  of  56  Kbit/s  to  satellite.  One  may  think  such  a  system  is  extremely 
prune  to  propagation  degradations.  While  this  is  true,  propagation  degradation  does 
not  become  the  limiting  factor  of  system  design.  Rather,  the  degradation  trade-off 
involve  interference,  traffic  collision,  access  techniques,  etc.,  in  addition  to 
propagations . 

Needless  to  say,  coding  will  play  an  important  role  in  extenting  the  system 
performance  under  propagation  degradations.  This  is  particularly  true  for  land  and 
maritime  mobile  communications  system  where  the  surface  and  atmospheric  multipath 
effects  are  severe  and  highly  random.  Generally  speaking,  the  degradation  consists 
of  frequent  shallow  fadings  of  2  to  3  dB  and  an  occasional,  sometimes  periodic,  deep 
fadings  of  6  to  10  dB  [7].  Several  parameters  are  of  primary  importance:  the  number 
of  bits  in  deep  fade  duration,  n^,  and  the  number  of  bits  in  shallow  fade  duration, 
n2,  both  of  which  are  related  to  channel  data  rate  and  the  dynamics  of  propagation 
anomalies.  The  fundamental  coding  approach  is  to  use  FEC  (Forward  Error  Correction) 
coding  with  Interleave.  The  purpose  of  interleaving  and  de-interleaving  is  to  alter 
the  channel  statistics  such  that  the  channel  appears  random  to  the  decoder. 

Depending  upon  whether  block  coding  or  convolutional  coding  is  used,  the  inter¬ 
leaving  technique  may  differ.  The  block  coding  case  is  discussed  first.  Assuming 
that  the  deep  fade  and  the  shallow  fade  durations  are  constant  and  periodic,  a  total 
of  n^  +  n2  bits  should  be  interleaved  so  that  the  n^  bits  transmitted  during  the 
deep  fade  duration  are  totally  scrambled  throughout  the  entire  period  before  enter¬ 
ing  the  decoder.  The  period  consists  of  (nx  +  n2)/n  blocks,  with  n  being  the  block 
size,  there  will  be  about  n^n/(n^  *  n2)  bits  from  the  deep  fade  region.  If  n^n/fn-^ 
+  n2)  <  1,  some  blocks  will  have  no  bits  which  are  transmitted  during  the  deep  fade 
duration.  The  buffer  required  is  approximately  nj  +  n2,  and  can  be  reduced  to  ap¬ 
proximately  n^n  if  n-^n  <  (n^  +  n2).  A  reasonable,  but  not  optimal,  performance  can 
be  achieved  without  total  scrambling  by  allowing  certain  blocks  to  have  more  than 
n^nfn^  +  n2)  bits  from  the  deep  fade  interval,  while  some  other  blocks  have  zero 
bits.  This  can  effectively  reduce  the  buffer  size.  If  the  maximum  number  of  bits 
from  the  interval  in  block  is  still  less  than  the  minimum  distance  of  the  code,  the 
error  correcting  capability  of  the  code  should  be  able  to  correct  the  errors  from 
the  deep  fade  interval.  Therefore,  the  minimum  buffer  requirement  in  this  case  is 
n^n/d,  where  d  is  the  minimum  distance  of  the  code. 

For  the  convolutional  codes,  optimal  performance  can  be  achieved  if  one  bit 
from  the  deep  fade  interval  is  observed  each  time  a  decoder  makes  a  bit  decision. 
For  convolutional  code  with  convolutional  interleaving  and  threshold  decoding,  the 
constraint  length  of  the  code,  k,  is  analogous  to  the  block  size,  n,  in  block  code; 
therefore,  the  buffer  size  for  optimal  performance  is  n^k. 

In  order  to  combat  the  infrequent  deep  fade  scenario  more  effectively,  a  con¬ 
catenated  coding  scheme  may  appear  attractive.  The  scheme  uses  a  good  random  error 
correcting  code  as  the  inner  code  to  ensure  that  bits  transmitted  during  the  shallow 
fade  can  be  received  extremely  reliably.  The  inner  code  is  concatenated  with  a 
Reed-Solomon  code  whose  block  length  is  about  the  same  as  n^  +  n2,  with  more  parity 
check  bits  than  n^ .  An  energy  detector  may  be  used  to  determine  the  beginning  and 
end  of  deep  fade.  Bits  received  in  the  interval  are  deleted.  If  the  data  transmit¬ 
ted  during  nondeep  fade  intervals  are  decoded  reliably,  the  cyclic  property  of  the 
Reed-Solomon  code  may  be  used  to  reconstruct  the  data  lost  in  the  deep  fade  interval 
by  reencoding  the  data  received  during  the  nondeep  fade  interval.  Since  Reed-Solo¬ 
mon  codes  are  maximum  distance  separable,  the  effective  throughput  of  the  channel  is 
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n2/(ni  +  n2)  of  the  nominal  channel  throughput.  This  is  equivalent  to  transmit  data 
only  during  the  nondeep  fade  intervals.  Since  the  transmit  side  cannot  determine  a 
priori  when  the  receive  side  may  experience  deep  fade  and  bursts  its  transmission 
accordingly,  the  Reed-Solomon  outer  code  provides  a  simple  solution. 

V.  Conclusion 

In  order  to  make  the  results  useful  to  digital  communications  applications,  we 
believe  the  approach  of  propagation  research  has  to  incorporate  system  specific 
considerations.  This  of  course  does  not  mean  that  a  propagationist  has  to  have  a 
complete  system  description  every  time  he  or  she  undertakes  a  scattering  or  diffrac¬ 
tion  calculations.  Rather,  it  is  suggested  that  the  propagation  calculation  has  to 
be  such  that  the  results  are  part  of  a  module  for  system  impact  assessment  for 
various  system.  Our  view  is  that  the  propagation  trade-off  loop  as  described  in 
Figure  6  will  involve  at  least  the  following  four  modules: 

*  Basic  System  Module  -  Which  describes  antenna,  G/T,  pointing,  power,  location, 
elevation  angle,  and  other  basic  transmitter/receiver  parameters.  The  module 
will  specify  the  fundamental  service  requirement  and  the  basic  definition  of  the 
link  of  concern. 

*  Propagation  Module  -  Which  describes  the  propagation  effects.  This  module  will 
include  static  descriptions  as  well  as  stochastic  descriptions  at  spatial  and 
temporal  scales  that  are  critical  to  the  link.  The  description  shall  provide 
parameters  that  are  readily  useful  for  system  impact  assessment. 

*  Modulation  and  Coding  Module  -  Which  provides  R,  BER,  throughput  conditions  that 
are  required  for  system  specific  evaluation  under  known  propagation  anomalies. 

*  Optimization  Module  -  Which  provides  options  of  adaptive  measures  for  mitiga¬ 
tion  in  a  propagation  environment.  Examples  include  automatic  power  control, 

diversity  equalization,  polarization  compensation,  antenna  side-lobe  nulling, 
pilot  monitoring,  and  switching,  etc. 

We  believe  in  the  coming  ISDN  era,  propagation  research  must  be  aimed  for  the 
establishment  of  the  Propagation  Module,  which  is  part  of  the  other  modules  for 
propagation  trade-off  evaluations.  Such  a  new  approach  in  propagation  study  is  an 
important  one  in  the  striving  for  excellence  of  radio/microwave  communications  sys¬ 
tems  in  facing  the  ever-increasing  intrusion  of  optical  fiber  communications 
systems . 
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Round  Table  Discussion 
Propagation  Effects  and  Circuit  Performance 
of  Military  Radio  Systems 

with  particular  emphasis  on  those  employing  Band  Spreading 


J. S.  Belrose  (CA)  opened  the  discussion  by  introducing  those  at  the  Table,  C.  Goutelard 
(FR),  Co-Chairman,  with  Irmseif,  of  the  Technical  Programme  Committee,  and  M.  Darnell 
(UK),  who  was  author/co  author  of  several  papers  presented  during  the  meeting.  He  called 
attention  to  the  fact  that  a  Round  Table  Discussion  was  a  part  of  AGARD  Symposia/Specialists' 
Meetings.  The  procedure  was  that  those  around  the  table  began  the  discussion,  by  commenting 
briefly  on  the  session  they  chaired,  or  on  the  topic  area  in  which  they  had  a  special  interest. 
Their  remarks  were  expected  to,  in  particular,  to  high-light  areas  where  additional  work,  a 
better  understanding  or  more  detailed  measurements  were  required.  The  comments  should  be 
somewhat  controversial  or  pose  questions  so  as  to  stimulate  discussion  from  the  Floor.  The 
objective  was  to  give  some  direction  as  to  where  we  are  going,  and  to  suggest  new  avenues  for 
propagation  research.  He  noted  that  he  had  said  propagation  research,  because  that  was  the 
mandate  of  the  Electromagnetic  Propagation  Panel.  However,  an  emphasis  in  recent  years 
was  on  circuit  performance  in  the  radio  propagation  environment,  which  included  radio  noise, 
radio  interference,  and  the  performance  of  antennas  in  their  operational  environments.  With 
these  few  remarks  he  gave  the  Floor  to  Prof.  Goutelard. 

C.  Goutelard  (FR)  noted  that  he  had  followed  with  a  great  deal  of  interest  the  various  subjects 
dealt  with  during  the  session  he  chaired.  The  session  began  by  two  introductory  papers.  One  by 
Col.  F.H.  Evangelist,  USAF  who  addressed  the  general  problem  of  the  military  requirement  for 
voice  and  data  communications.  The  overview  paper  by  J.S.  Belrose  reviewed  very  completely 
work  done  in  Canada  relevant  to  the  theme  of  the  symposium,  in  the  field  of  radio  propagation  and 
communications  technologies  research.  These  kick-off  papers  were  followed  by  a  series  of  more 
specific  presentations.  Three  were  concerned  with  the  high  frequency  ionospheric  channel.  M. 
Darnell  (UK)  spoke  first,  and  then  J.E.  Hoffmeyer  (US).  Y.  Le  Roux(FR)  was  the  third 
speaker  on  the  subject.  This  was  followed  by  a  series  of  presentations  on  VHF/UHF  propagation, 
particularly  concerned  with  mobile  propagation.  More  specifically  R.W.  Lorenz  (GE)  and  J. 
Citerne  (FR)  talked  about  measurements  in  the  rural/urban  area  at  900  MHz,  and  H.  Lakey 
(US)  dealt  with  the  special  problem  of  propagation  through  forests.  M,  Silvain  (FR)  talked 
about  propagation  at  a  much  higher  frequency  1 1  GHz.  He  noted  that  it  was  clear  that  mobile  radio 
communications  is  an  area  of  strong  current  interest. 

The  next  paper  by  K.  Watson  (UK)  was  concerned  with  meteor  burst  communications  (MBC), 
specifically  with  modelling  the  characteristics  of  the  channel  (by  simulation).  The  last  paper  by 

K. S.  Ko  (NE)  addressed  measurements  of  radio  noise  made  in  a  battlefield  environment. 

By  way  of  additional  comment  on  the  presentations  C.  Goutelard  noted  that  the  HF  channel  (an  area 
in  which  he  has  a  specific  interest)  is  a  dynamically  varying  channel.  It  has  all  the  defects  that 
are  encountered  with  other  channels,  e.g.  the  mobile  radio  channel,  as  well  as  other  defects.  It  is  a 
is  a  non  stationary  anisotropic  channel.  He  noted  again  the  emphasis  on  mobile  radio  propagation, 
particularly  in  the  urban  environment,  where  modelling  is  very  complicated.  He  commented  that 
there  had  been  no  papers  on  noise,  which  is  a  very  complex  problem,  since  the  signal-to-noise 
ratio  is  a  fundamental  parameter  relevant  Jo  the  performance  of  a  communications  system 
(editor's  note:  the  Effects  of  Electromagnetic  Noise  and  Interference  on  the  performance  of 
Military  Radio  Communication  Systems  was  a  subject  that  had  been  addressed  at  a  recent 
AGARD/EPP  symposium,  held  in  Lisbon,  in  1987,  ref.  AGARD  CP  420). 

In  conclusion  C.  Goutelard  noted  that  in  thinking  about  the  subject  area  three  themes,  or  three 
types  of  questions  came  to  mind:  1)  concerning  characterization  of  the  channel  one  needed 
measurements,  measured  data;  and  some  new  data  were  presented  during  the  symposium.  Are 
present  measurements  sufficient?  For  example  in  the  land  mobile  band,  in  the  urban 
environment,  where  previously  we  had  only  a  few  measurements,  we  now  have  some  data.  Do  we 
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have  enough  data  to  characterize  the  channel?  If  not  what  kind  of  measurements  do  -we  need?  And, 
what  are  we  going  to  do  with  the  results  that  have  been  measured?  We  can  question  some  of  the 
results,  we  can  ask  questions  to  specify  or  to  clarify  the  presentations  given,  and  we  can  ask  what 
sort  of  work  is  needed  in  that  area?  Once  we  have  done  with  measurement  we  have  to  construct 
models,  or  design  models,  and  there  again  we  are  faced  with  a  number  of  questions  Several  models 
have  been  presented,  very  sophisticated  models  in  some  cases.  In  this  regard  he  noted  that  he  was 
rather  astonished  by  the  apparent  agreement  between  calculation,  simulation  and  experiment  that 
J.E.  Hoffmeyer  (US)  had  found.  Why  was  there  such  a  good  agreement?  Models  are  useful, 
yes,  but  their  use  could  be  dangerous.  Models  are  built  on  a  basis  of  measurement,  and  ii 
measurements  are  incomplete  the  model  will  remain  incomplete.  The  same  is  true  for  oimulaiors. 
If  the  simulator  was  designed  to  take  into  account  pertinent  characteristics  for  channels  of 
interest,  the  simulation  can  give  very  good  results.  If  it  has  not  been  designed  for  the  objective  or 
purpose  the  results  obtained  may  not  be  of  sufficient  detail  to  be  useful. 

M.  Darnell  (UK,  ^poke  next.  He  noted  that  what  he  did  not  propose  to  do  was  to  go  through  the 
papers  in  the  session  one  by  one  and  comment  on  them.  Instead  he  wouid  try  and  pick  out  major 
themes,  and  then  he  would  address  briefly  four  areas  which  particularly  struck  him  as  areas 
requiring  more  attention,  or  perhaps  in  some  cases  a  rethink  of  our  attitudes  in  terms  of  system 
design.  The  main  topics  covered  in  Session  Two,  which  was  concerned  with  New  Approaches  to 
Communications  System  Design,  were,  system  design  and  control  methodologies,  the  integration  of 
real  time  channel  evaluation  information,  voice  processing,  spectrum  spreading  techniques  (both 
frequency  hopping  and  direct  sequence),  multiple  access  techniques;  error  control  both  in  terms 
of  basic  algorithms  and  also  implementation  practice;  synchronization;  and  the  problems  of 
countering  interference  practically.  He  noted  that  one  of  the  things  that  struck  him  as  being  very 
important  was  a  remark  made  by  Colonei  Evangelist  in  his  key  note  talk  the  first  day,  when  he 
said  that  he  thought  that  the  emphasis  now  in  terms  of  NATO  communications  requirements  ought 
to  be  on  the  reduction  of  data  to  be  transmitted.  Clearly  this  is  a  remarkable  change  in  philosophy. 
In  earlier  years  the  emphasis  in  the  Military  had  been  on  the  provision  of  facilities  to  transfer 
more-and-more  data  more^and-more  efficiently.  Now  we  are  told  by  an  operational 
officer  that  in  fact  the  emphasis  ought  to  be  on  the  reduction  of  data  to  be  transmitted,  or  at  least 
heavy  filtering  of  the  data  to  be  transmitted  over  radio  communications  channels.  This  represents 
quite  a  radical  change  in  attitude  which  if  implemented  would  certainly  impact  communications 
system  design.  The  remark  made  makes  sense,  since  the  more  and  more  data  one  transmits,  the 
more  and  more  vulnerable  the  communication  systems  become,  in  very  general  terms.  In  this 
context,  M.  Darnell  noted,  it  is  perhaps  significant  that  only  one  paper  addressed  the  subject  of 
data  compression,  or  information  compression,  and  that  paper  by  L.  Boucher  (CA)  was 
concerned  with  frequency  compression  of  the  voice  signal,  that  is  bandwidth  reduction,  rather 
than  minimization  of  the  input  data  rate  to  the  communications  system. 

A  second  pc.it  was  concerned  with  the  area  of  the  complexity  of  modern  communications  system 
design.  There  is  still  in  the  communications  community  a  general  resistance  to  complexity, 
because  of  the  concern  that  complexity  may  lead  to  unreliability,  or  to  systems  that  are  difficult  to 
control.  However,  it  is  complexity  that  opens  the  door  to  the  realization  of  performance 
improvement.  A  good  illustration  of  this  was  the  Thompson  CSF  paper  on  the  Reed  Sullivan  BCH 
coding  system.  The  integrated  circuits,  the  chips  required  for  that  system  are  rather  complex 
devices,  yet  they  can  be  fabricated  and  implemented  in  a  reasonably  economical  manner.  Digital 
signal  processing  is  opening  up  new  frontiers  in  the  design  of  communication  systems. 

The  third  area  was  that  of  synchronizatic  which  has  become  a  topic  on  its  own  as  communication 
systems  change  from  analogue  to  dig  We  need  to  think/look  at  all  possible  methods  of 
abstracting  synchronization  data  from  the  elements  of  the  communications  system,  demodulators, 
decoders,  and  etc.,  and  put  these  together  to  improve  the  overall  synchronization  characteristics  of 
the  communications  system. 

In  conclusion,  M.  Darnell  continued,  that  the  fourth  area  related  to  some  of  the  comments  that 
Professor  Goutelard  has  just  made,  and  that  was  the  whole  area  of  characterization  of  channels, 
both  off  line  and  on-line  channels.  Here  we  are  always  requiring  better  data  bases  for  off-line 
models,  and  better  techniques  for  channel  evaluation  for  on  line  characterization.  The  objective 
is  to  improve  the  performance  of  real  communication  systems  in  their  operational  environments. 


There  is  too  much  attention  given  to  operation  in  the  ideal  channel,  that  is  thinking  of 
performance  in  terms  of  the  Shannon  limit  and  gaussian  white  noise.  D.  Fang  (US)  pointed  out 
some  of  the  problems  with  that  approach  in  his  paper.  The  Shannon  limit  makers  certain 
assumptions  about  the  nature  of  the  communication  channel,  it  makes  certain  assumption  about  the 
channel  bandwidth  profile,  about  the  distribution  of  signal  and  noise  energy  within  the  channel, 
and  so  on.  Also  one  tends  to  think  of  modulation  and  coding  schemes  in  terms  of  a  ranking  in  a 
gaussian  white  noise  environment.  That  ranking  order  may  well  not  be  applicable,  in  fact  it  may 
be  that  a  quite  different  ranking  order  is  needed  when  we  have  non-gaussian  noise.  We  need  to 
characterize  both  radio  propagation  and  radio  noise  and  interference,  with  particular  emphasis  on 
interference  in  order  to  make  sensible  decisions  about  the  type  of  communication  system  we 
should  adopt  for  use  in  particular  signal  environments.  So  the  final  area  then  is  the  whole 
business  of  better  characterization  of  the  channel,  :nc!uding  propagation,  noise  and  interference. 

J.S.  Belrose  (CA)  commented  on  the  session  he  chaired,  System  Performance.  In  that  session 
various  authors  had  briefly  addressed  a  variety  of  subjects  ranging  from  HF  to  EHF,  terrestrial  as 
well  as  satellite  systems.  He  noted  that  the  paper  on  packet  radio  had  attracted  quite  a  lot  of 
attention.  Clearly  if  packet  radio  in  a  military  environment  is  going  to  be  looked  at  in  the  detail  it 
deserves,  model  studies  should  be  more  realistic.  For  example  the  propagation  model  should  be 
based  on  a  digital  terrain  profile.  Interference  which  is  a  major  concern  for  frequency  hop  radio 
needs  to  be  realistically  studied,  and  noise  models  should  better  relate  to  real  battlefield  scenarios. 

Concerning  meteor  burst  communications,  he  wondered  whether  new  approachs  were  needed.  A 
basic  problem  particularly  at  the  higher  frequencies  was  through-put.  P.  Cannon  (UK)  had 
remarked  that  while  overdense  trails  were  n  very  frequent,  they  were  an  important 
consideration.  Fading  and  multi-path  was  a  problem  for  the  longer  duration  trails.  Perhaps  what 
was  needed  was  an  adaptable  variable  rate  communications  system,  employing  spread  spectrum  to 
overcome  the  multi-path  problem.  Multi-path  was  a  particular  problem  for  MBC  systems 
operating  in  the  high  latitude  region,  for  transauroral  paths,  since  off  path  reflections  from  field 
aligned  irregularities  (he  noted  that  he  was  referring  to  early  Canadian  work)  frequently 
severely  limits  the  data  rate  that  could  be  used. 

He  noted  that  the  text  for  the  theme  of  the  meeting  stated:  "the  importance  of  understanding  radio 
wave  propagation  increases  as  communications  systems  become  more  complex;"  and  that  "the 
flexibility  offered  by  software  implementation  makes  them  ideal  vehicles  to  realize  and  optimize 
new  approaches.  But  these  realizations  can  only  be  achieved  by  the  communications  engineer  if 
those  conducting  propagation  research  keep  pace  with  the  increasing  more  detailed  knowledge 
needed  to  specify,  and  quantify  the  channel  characteristics."  These  are  good  motherhood 
statements,  made  by  those  doing  propagation  research,  but  what  new  knowledge  on  the 
characteristics  of  the  channel  is  needed  by  those  designing  new  sophisticated  communications 
systems?  Certainly  we  heard  at  this  meeting  papers  by  communications  engineers  on  the  design  of 
new  modems,  that  employed  sophisticated  signal  processing  to  combat  errors  introduced  by  the 
propagation  environment,  but  except  for  acknowledging  that  multi-path  was  a  problem,  channel 
modelling  or  the  use  of  channel  models  was  not  a  part  of  the  design.  In  fact  the  trend  seemed  to  be 
to  design  systems  that  would  work  in-spite-of  the  limitations  of  the  channel.  This  subject  will  be 
specifically  addressed  at  our  meeting  next  spring,  in  San  Diego,  CA.  Perhaps  in  the  mobile  radio 
area  we  have  the  closest  ties  between  those  conducting  propagation  research  and  those  designing 
communications  systems,  but  even  here  we  need  to  improve  these  ties. 

Finally  J.S.  Belrose  noted  that  he  would  comment  on  one  topic  which  he  felt  needed  to  be  better 
addressed.  This  topic  related  to  an  emphasis  of  the  meeting  which  was  supposed  to  specifically 
address  systems  employing  frequency  spreading.  There  are  two  kinds  of  systems  employing 
frequency  spreading:  frequency  hoppers  and  direct  sequence  spread  spectrum.  Both  are  used  for 
secure  communications.  For  frequency  hoppers  there  is  a  problem  with  collisions,  that  is  two 
signals  trying  to  occupy  the  same  channel  at  the  same  time.  Spread  spectrum  systems, 
particularly  in-band  spread  spectrums,  have  seen  some  application  for  overcoming  multi-path. 
Wide  band  spread  spectrum  systems  provide  not  only  this  immunity,  but  can  enhance  the  low 
probability  of  intercept;  i.e.  when  the  transmitter  power  is  spread  out  over  a  very  wide  band  the 
signal  effectively  disappears  into  the  noise  and  interference  background,  in  this  case  we  need  to 
know  how  many  signals  can  in  effect  be  piled  on  top  of  each  other  before  the  multiplicity  of 
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systems  start  to  degrade  themselves.  This  topic  was  raised  at  pur  Lisbon  meeting,  about  a  year 
ago,  but  no  clear  picture  has  so  far  emerged.  He  noted  that  some  people  seem  to  consider  that  these 
two  types  of  systems  are  synonymous,  but  that  in  his  view  there  are  clear  differences. 

Concerning  the  performance  of  radio  communication  systems,  he  noted  that  in  his  overview  paper 
he  had  specifically  addressed  the  use  of  channel  simulators  for  such  studies  of  performance 
evaluation,  and  that  sitting  with  him  at  the  round  table  Prof.  Goutelard  had  specifically 
commented  on  HF  channel  simulators.  He  noted  that  one  type  of  simulator  that  did  not  depend  on 
having  a  detailed  knowledge  of  the  channel  was  a  recorder  type  simulator.  One  could  envisage 
having  a  library  of  such  recordings  to  characterize  a  wide  range  of  ionospheric  propagation 
conditions;  for  example,  recordings  made  over  equatorial  paths;  mid-latitude  paths;  high  latitude 
paths,  particularly  trans-auroral  zone  paths;  short  paths,  and  long  paths;  and  recordings  made  at 
times  of  severe  doppier  shift,  doppler  broadining  and  signal  fading.  The  recorder  type  channel 
simulator  could  then  be  used  to  optimize  system  performance  for  the  propagation  conditions 
characteristic  of  paths  where  it  would  be  used. 

With  these  concluding  remarks  he  asked  for  discussion  from  the  floor. 

R.  Bultitude  (CA):  Each  one  of  you  has  asked  the  question  whether  we  need  to  collect  more  data 
and  what  do  we  do  with  it,  if  we  get  it?  This  is  a  very  important  topic.  I  have  not  seen  very  many 
propagation  reports  where  the  authors  have  actually  explained  in  their  paper  how  propagation 
information  should  be  used  to  predict  system  performance,  and  indeed  except  for  channels  that  do 
not  severely  distort  the  signal  I  don't  think  anybody  knows  exactly  how  to  make  such  predictions. 
There  should  be  much  more  effort  in  this  direction,  and  when  predictions  are  made  there  is  great 
deal  of  work  to  be  done  to  verify  the  predictions.  As  Dr.  Fang  has  mentioned  we  should  be  able  to 
work  with  the  systems  engineer  and  tell  him  if  for  example  we  give  him  five  parameters  he  can 
expect  to  be  able  to  predict  the  performance  of  his  digital  communications  system  when 
transmitted  through  a  certain  type  of  propagation  channel. 

P.  Mundy  (UK):  Concerning  the  subject  of  how  much  propagation  research  do  we  need  and  how 
do  we  use  the  results,  this  is  a  very  big  topic.  Perhaps  I  can  give  one  example,  during  the  course 
of  the  recent  development  of  a  particular  system,  where  a  large  number  of  organizations  decided  to 
get  involved.  What  basically  happened  was  perhaps  summed  up  by  Dr.  Fang's  last  graph,  where  he 
showed  the  interaction  between  the  system  designers  and  the  propagation  researchers.  Each 
organization  did  their  own  propagation  research  and  their  own  system  design,  simultaneously  with 
often  the  same  team  of  engineers.  While  there  was  a  fair  degree  of  duplication  of  effort,  and  a 
large  expenditure  of  resources  on  research,  the  end  result  was  I  think  worth  the  effort,  although 
only  time  will  tell.  The  interaction  between  the  system  designer  and  the  propagation  researcher 
was  the  key  to  a  successful  system  development. 

C.  Goutelard  (FR):  I  would  like  to  say  that  I  fully  agree  with  what  you  have  just  said,  and  also 
with  what  Dr.  Bultitude  said.  However,  there  is  clearly  a  problem  with  the  co-ordination  of 
research  and  development  effort.  In  my  own  personal  experience  I  am  often  called  upon  to  give  my 
opinion,  on  for  example  coding.  But  the  engineers  come  to  see  me  only  after  they  have  already 
developed  the  communications  system  and  field  trialed  it.  During  the  field  trial  they  have 
observed  that  under  certain  circumstances  the  system  did  not  work  very  well;  there  were  too 
many  errors.  But  they  came  to  see  me  as  one  would  see  a  doctor,  with  the  hope  that  by  using  an 
error  correcting  code,  for  example,  one  can  cure  the  problem.  But  it  is  too  late  to  see  the  doctor  at 
the  time  the  patient  is  about  to  die.  You  must  go  to  the  doctor  before.  We  can  extend  this  notion. 
There  are  three  types  of  people  that  have  to  interact:  First,  there  are  the  radio  physics 
specialists.  They  have  the  wide  expertise  concerning  electromagnetic  propagation  phenomena. 
Next,  there  are  the  theoreticians.  They  are  given  data  and  thb/  try  to  fit  the  data  to  formula,  very 
clever  formula  that  summarize  and  quantify  everything.  And  then  there  are  the  design  engineers, 
who  have  to  design,  develop  and  put  together  a  system  which  must  have  a  minimum  of  complexity 
for  a  given  requirement.  This  is  what  Prof.  Darnell  was  saying.  But  for  j  given  operational 
complexity  the  technology  complexity  should  be  a  minimum.  These  three  types  of 
physicists/engineers  have  to  work  together.  But  this  is  difficult,  because  within  a  company  this 
type  of  co-ordination  does  not  always  happen,  even  within  the  same  department  of  a  company. 
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Finally  I  would  like  to  ask  a  question  about  meteor  burst  communications.  Have  any  studies  been 
made  to  measure  the  reciprocity  of  the  channel,  because  this  is  a  very  important  factor  for  the 
development  of  such  systems? 

P.  Cannon  (UK):  No,  I  do  not  know  of  any  studies  that  have  been  made  to  specifically  measure 
channel  reciprocity.  There  are  however  a  few  comments  that  can  be  made,  based  on  current 
knowledge.  First,  of  course,  the  noise  levels  at  the  two  sites  may  be  different.  Secondly,  the 
transmission  path  is  generally  assumed  to  be  a  coherent  path  of  wide  bandwidth.  But  for  the 
meteor  trails  of  longer  duration,  longer  than  say  1/2-second,  Raleigh  fading  sets  in;  and  so  one 
can  say  that  reciprocity  will  not  exist,  and  that  perhaps  diversity  would  provide  a  means  of 
increasing  through  put. 

I  would  like  to  come  back  to  an  earlier  comment  made  by  Dr.  Belrose  concerning  the  need  for  high 
data  rates,  and  the  development  of  adaptive  data  rate  systems.  One  problem  with  developing  higher 
data  rate  systems  is  that  the  channel  model  has  to  be  good  for  the  development  of  better  algorithms. 
The  use  of  simple  models  that,  for  example,  assume  simply  overdense  trails,  or  ur.derdense  trails 
is  inadequate.  This  is  where  off-air  simulators  are  very  useful  for  control  simulators.  It  is  very 
difficult  to  produce  a  deterministic  meteor  burst  model. 

J.  S.  Belrose  (CA):  I  was  referring  more  to  the  need  for  a  real  time  channel  evaluation  in 
association  with  meteor  burst  systems,  rather  than  to  an  improvement  of  models. 

P.  Cannon  (UK):  Yes,  but  I  thought  you  made  both  comments.  With  regard  to  real  time  channel 
evaluation,  that  sort  of  idea  is  being  pursued  both  in  the  UK  and  in  the  USA.  One  problem  of  course 
with  high  data  rates  is  the  need  for  wider  bandwidths,  and  I  think  that  scientists/engineers  are 
well  aware  of  the  problems  of  frequency  allocations.  This  is  a  problem  with  the  present  low 
power  MBC  systems,  and  it  will  be  more  of  a  problem  if  high  power  MBC  systems  come  into 
operational  use. 

S.  Ganguly  (US):  Have  frequencies  greater  than  100  MHz  been  used  for  MBC?  And  if  we 
increase  the  power  can  we  increase  the  range  of  MBC  systems? 

J.S.  Belrose  (CA):  In  answer  to  your  first  question,  yes,  in  experimental  systems  operated 
(in  earlier  years)  in  Canada.  But  the  through  put  falls  off  very  rapidly  for  frequencies  >  100 
MHz.  There  are  two  problems,  one  is  that  the  burst  durations  are  very  short,  and  secondly  there 
are  few  such  dense  trails. 

P.  Cannon  (UK):  The  USAF  Geophysics  Laboratory  are  operating  a  research  MBC  system  in 
Greenland,  and  they  do  use  frequencies  slightly  greater  than  100  MHz.  Radio  amateurs  have 
reported  on  meteor  burst  communications  using  the  2M  band  radio  amateur  band  (the  144  MHz 
band).  So  there  are  some  measurements/some  observations  at  frequencies  above  100  MHz. 

S.  Ganguly  (US):  My  next  comment  concerns  modelling.  The  MBC  channel  has  I  believe  been 
fairly  adequately  modelled.  For  the  ionospheric  channel  one  is  able  to  develop  physical  models 
based  on  physical  parameters.  For  urban  land  mobile,  why  can't  one  model  a  city,  put  it  in  a 
computer  and  predict  the  characteristics  of  the  channel? 

J.  Hoffmeyer  (US):  I  have  severai  comments  in  response  to  various  remarks  made  by  the 
chairmen  concerning  channel  modelling.  Firstly,  a  pertinent  question  to  ask  is  what  additional 
information  is  needed?  One  area  we  are  looking  into  that  has  not  been  addressed  at  this  meeting  is 
the  need  for  multipath  measurements  on  land  mobile  satellite  channels.  The  commonly  used 
technique  to  use  a  channel  probe  using  a  PN  sequence  is  not  very  easily  done  on  a  satellite  channel. 
We  have  a  program  at  my  Institute  to  make  such  measurements,  using  a  global  positioning  satellite 
signal;  which  is  using  a  PN  sequence  that  results  in  a  multi-path  delay  spread  typical  of  mobile 
satellite  communications  channels.  This  is  in  support  of  the  engineers  who  need  such  data  for  the 
development  of  mobile  satellite  receiving  systems,  which  of  course  employ  very  small  aperture 
antennas. 
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A  second  comment  concerns  the  concept  of  design  for  the  worst  case.  While  this  is  something  we 
want  to  do  ideaiy,  it  may  not  be  the  optimum  design.  For  example,  if  one  is  designing  an  HF  modem 
that  will  never  be  employed  for  trans-auroral  type  of  paths,  there  is  no  use  in  using  a 
sophisticated  modem  when  a  simpler  design  will  do. 

Concerning  channel  simulation,  the  channel  simulator  is  another  area  where  the  propagation 
researchers  can  interact  v/ith  the  systems  design  engineers.  I  have  a  figure  in  my  paper,  that  I  did 
not  present  during  my  talk,  that  shows  the  interaction  between  the  modeler  and  the  communication 
system  designer.  For  example  one  could  develop  a  software  model  of  a  channel,  say  an  HF  channel 
for  example,  and  at  the  same  time  develop  a  hypothetical  communication  system,  and  so  synthesize 
performance.  This  approach  could  be  compared  with  the  use  of  a  hardware  channel  simulator  and  a 
physical  real  communications  system.  There  are  clearly  advantages  and  disadvantages  to  both 
approaches. 

AEG  (FRG):  A  comment  was  made  by  a  scientist/engineer  from  AEG,  a  company  that  is  presently 
concerned  with  the  development  of  a  packet  switched  VHF  radio  system.  He  noted  that  comments 
made  by  Drs.  Belrose  and  Darnell  were  most  appropriate.  An  important  problem  for  circuit 
design  is  to  specify  the  amount  of  data  that  should  be  transmitted.  Clearly  the  less  data  the  better 
the  network.  He  noted  that  he  would  like  to  comment  on  remarks  made  by  Prof.  Goutelard 
concerning  data  reduction  and  data  compression.  There  is  a  significant  difference  between  these 
two  operations.  Data  compression  does  not  degrade  the  information  content,  it  only  degrades  the 
quality  of  the  reception.  Whereas  data  reduction  changes  the  information  resolution.  For  a 
battlefield  commander  it  is  very  difficult  for  him  to  reduce  data  because  of  the  resolution  that  is 
needed.  The  degree  to  which  data  can  be  reduced  can  only  be  determined  by  field  trial. 

A  second  point,  which  also  affects  the  definition  of  a  packet  switched  network,  concerns  the  error 
bounds.  What  error  rate  can  one  tolerate?  There  are  at  least  three  levels.  The  lowest  level  is  the 
speech  error  that  one  can  tolerate,  because  speech  is  inherently  redundant.  The  next  level  is  the 
error  you  can  tolerate  in  transmission  of  digital  data,  for  the  situation  where  the  transmission  can 
be  repeated  by  means  of  ARQ  protocol.  The  third  level  concerns  the  transmission  of  data  over  a 
link  where  the  requirement  is  such  that  you  cannot  ask  for  a  repeat  transmission,  like  for 
instance  in  the  Norwegian  network,  the  PROP  packets  are  not  acknowledged,  or  only  indirectly 
acknowledged.  Clearly  for  this  latter  requirement  the  error  rate  must  be  small.  What  bounds  do 
we  have?  He  noted  that  he  was  clearly  struck  by  a  view  graph  presented  by  den  Brinker  which 
tried  to  set  such  bounds.  For  speech,  he  recalled,  the  acceptable  error  rate  was  something  like 
10'2;  for  computer  communication  10'6.  Clearly  this  is  an  area  that  requires  further  work. 
What  bounds  can  one  set  for  realistic  communications  requirements? 

His  third  comment  concerned  realistic  simulation.  He  noted  that  if  you  ask  the  user  to  give  some 
parameters  his  response  is  "I  do  not  know  because  it  is  a  new  system."  One  of  the  most  important 
parameters  is  the  amount  of  erlangs  that  has  to  be  transmitted,  because  if  you  know  the  erlangs 
you  can  define  the  system  If  you  have  a  new  system  no  one  can  define  the  erlangs  you  need.  So 
either  you  under  estimate  or  over  estimate.  It  is  very  difficult. 

J.S.  Belrose  (CA):  Your  points  are  well  taken.  At  Thompson  CSF  yesterday  we  saw  a  graph 
that  showed  how  data  rates  have  dramatically  increased  with  time.  If  we  project  this  curve  into 
the  future  we  rapidly  project  the  curve  off  the  top  of  the  graph.  At  some  point  in  time  we  are 
going  too  fast,  for  radio  communications. 

P.  Cannon  (UK):  I  would  like  to  make  comment  on  what  has  been  said.  I  agree.  I  tried  in  my 
remarks  to  make  the  distinction  between  compression  that  occurs  at  the  input  to  the  system  by 
virtue  of  operational  procedures,  and  compression  which  the  system  designer  has  at  his  control, 
for  example  if  the  input  signal  is  a  voice  signal  the  designer  can  try  and  compress  that  by  so  much, 
to  narrow  the  transmission  bandwidth. 

What  I  would  advocate,  however,  is  that  as  operational  procedures  develop,  suppose  that  one  does 
develop  operational  procedures,  that  result  in  less  data  input  to  the  system,  by  use  of  message 
coding  more  efficiently,  or  whatever  it  may  be;  clearly  the  communications  system  designers 
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aught  to  be  in  constant  dialogue  with  the  users  because  as  we  reduce  the  load  to  the  input  of  the 
system  we  make  our  communications  systems  more  effective. 

J.S.  Belrose  (CA):  On  that  note,  and  looking  at  the  time  which  is  past  the  allotted  time  for  this 
round  table  discussion,  we  should  conclude.  Let  me  end  the  discussion  in  a  somewhat  humorous 
vane,  perhaps  somewhat  facetious,  I  am  no  expert  on  the  subject.  We  have  been  told  during  this 
meeting,  if  we  say  that  our  technical  visit  was  a  part  of  the  meeting,  about  two  methods  to 
compress  the  bandwidth  of  a  voice  signal.  L.  Boucher  spoke  about  dynamic  windowing  in  the 
frequency  domain;  and  yesterday  during  our  visit  to  Thompson  CSF  we  were  told  about,  and  had 
the  opportunity  to  test  an  800  Hz  LPC  (linear  predictive  code)  system.  I  am  biased  toward  the 
former,  which  is  a  Canadian  developed  technology.  However  my  Laboratory  has  done  a  great  deal  of 
work  on  LPC,  but  wider  bandwidth  systems  (2400  b/s  and  4800  b/s  data  rates).  Let  me  comment 
on  the  Thompson  CFS  800  Hz  LPC  system.  I  spoke  with  my  colleague  Luc  Boucher  using  this 
system.  Luc  was  speaking  to  me  in  English,  but  with  a  French  accent,  because  I  do  not  speak 
French.  When  we  switched  to  the  800  b/s  system  Luc  said  "I  cannot  understand  a  thing  you  are 
saying."  In  spite  of  the  fact  that  he  was  speaking  in  English  I  could  understand  what  he  was  saying, 
so  it  must  have  been  his  accent.  Perhaps  the  code-book  was  optimized  for  the  French  language.  If 
this  is  a  correct  conclusion  than  this  a  problem  with  LPC  when  pushed  to  the  limit,  especially  for 
NATO,  since  we  will  have  to  have  a  code-book  optimized  for  each  language  used  by  the  NATO 
nationsll  An  alternative  explanation  (note  added  in  proof)  is  that  English  speaking  people  more  or 
less  understand  what  is  said  no  matter  how  badly  the  speaker  speaks  English  or  with  whatever 
accent. 

The  Chairman  thanked  all  those  who  had  contributed  to  the  discussion. 
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